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University of Washington
Abstract

PROGRAMMABLE ULTRASOUND COLOR
FLOW SYSTEM

Ravi Managuli

Chairperson of the Supervisory Committee: Professor Yongmin Kim
Departments of Bioengineering and Electrical Engineering

Ultrasound color flow systems are widely used in medical imaging because these are
safe, noninvasive, and relatively inexpensive and displays images in real time. However
to meet the real time requirement, these systems have been built with fixed function
hardware, i.e., specialized electronic boards. This hardwired approach hinder the
development of innovative algorithms to enhance the image quality and developing new
applications to improve the diagnostic capability since incorporating a new
application/algorithm is quite expensive, requiring redesigns ranging from hardware
chips up to complete boards or some times even the complete system. On the other hand,
a programmable system could be reprogrammed to quickly adapt to new tasks and offer
advantages, such as reducing costs and the time-to-market of new ideas. Despite these
benefits, a completely programmable color flow system that meets the real-time
requirement has not been possible due to the limited computing power, inadequate data
flow bandwidth or topology, algorithms not optimized for the architecture of
programmable processors. This research has addressed these issues by developing a
multiprocessor architecture capable of handling the computation and data flow
requirements for a real-time system utilizing new generation VLIW processors, and by
designing efficient ultrasound algorithms tightly integrated with the underlying

architecture.

These new generation VLIW processors can deliver increased computing

performance through on-chip and data-level parallelism. Even with such a flexible and



mapping of algorithms that can make good use of the available parallelism. We
developed several algorithm-mapping techniques for the efficient implementation of
ultrasound algorithms utilizing both on-chip and data-level parallelism. We then designed
a low-cost, high-performance multiprocessor architecture capable of meeting the real-
time requirements of the ultrasound color flow system. To demonstrate this
multiprocessor architecture and algorithms meet the real-time requirements, we
developed a multiprocessor simulation environment with a board-level VHDL simulator.
Our simulation results indicate that the two-board system with 4 MAP1000s on each
board is capable of supporting all the ultrasound color flow system requirements. Thus,
we have demonstrated that a fully programmable ultrasound system can be developed

with the reasonable number of programmable processors.
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Chapter 1: Introduction

The use of ultrasound for medical diagnoses dates back to more than 40 years i.e., since
1950, and now it has become a widespread medical imaging modality for routine use in
hospital. Some of the many advantages of ultrasound systems include real-time image
formation, noninvasive, non-ionizing radiation and provides rapid diagnoses. Ultrasound
systems are painless, safe for the patient, and are portable, i.c., ultrasound system can be
moved to patients rather than moving patients to the system. One of the exciting
developments within the ultrasound system in the recent decade is the color flow imaging
that displays an estimate of the blood velocity in the body in real time. The estimated
blood velocity in pseudo color is overlaid upon a two-dimensional gray-scale image, thus
presenting simultaneous echo and velocity information as shown in Figure 1-1. These
systems have been widely used, e.g., in diagnosing heart valve problems, stenosis of
veins and arteries and other hemodynamic problems. In addition, the spectrum of the
blood velocity at a single location over time can be tracked (known as gated Doppler

spectral estimation) and plotted in a spectrogram as shown in the bottom of Figure 1-1.



Figure 1-1. Example color flow image of the carotid artery and the
corresponding spectral Doppler spectrogram.

A large amount of computing power is needed for displaying the image in real
time in the ultrasound machines. The high data rates as well as the enormous computing
power required have restricted the designs to algorithm-specific hardware with limited
programmability. Although these specialized hardware boards may meet the speed and
algorithm specifications, it lacks the flexibility and adaptability. This hardware design
approach also faces a severe problem when ultrasound machines need to be upgraded
with new algorithms. To accommodate each improvement/advancement in imaging and
processing technology, old boards typically have to be discarded and a new machine with
different boards may have to be developed. Thus, a system built with the software-
centered programmable boards is much more desirable than one built with the multiple
hardwired boards.

This research addresses the need of a programmable ultrasound color flow system
by designing a software-centered architecture based upon the programmable digital signal
processors known as mediaprocessors. These mediaprocessors employ instruction-level

and data-level parallelism to achieve high computational power. We carefully mapped the
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various ultrasound algorithms to the mediaprocessor architecture, creating new efficient
algorithm implementations in the process. The performance of the mapped algorithms
provided us with the understanding of the number of processors and the data flow
required in implementing an entire system, leading to the final design of our multi-
mediaprocessor architecture. Finally, to demonstrate that the system could meet the
system requirements, we developed a multiprocessor simulation environment with
reduced simulation complexity and time, while preserving the accuracy. Our simulation
results show that a cost-effective, programmable architecture utilizing eight
mediaprocessors is feasible for ultrasound processing.

The remainder of the chapter reviews the basic ultrasound processing
requirements, previous programmable ultrasound systems, motivating the need for a new

programmable system, and summarizes the contributions of this research.

1.1 Ultrasound system

Figure 1-2 shows a typical diagnostic ultrasound color flow system. The ultrasound
acoustic signals are generated by converting pulses of 2 to 10 MHz electrical signal
(known as the carrier frequency, ©.) from the transmitter into a mechanical vibration
using a piezoelectric transducer. As the acoustic wave pulse travels through the tissue, a
portion of the pulse is reflected whenever material of different acoustical impedance is
encountered, creating a returned signal that highlights features, such as tissue boundaries
along a fairly well-defined beam line. The reflected pulses are sensed by the transducer,
converted into radio frequency (RF) electrical signals and passed onto the beamformer,
which are then sampled at a conservatively high rate using A/D converters. The RF
demodulator then removes the carrier frequency using quadrature demodulation to
recover the echo signal. The quadrature demodulation results in complex samples
containing both the magnitude and phase information of the signal needed to detect
moving objects, such as blood flow. The samples of the signal obtained from one acoustic
pulse are called a vector. The transducer emits the acoustic pulses at a pulse repetition

frequency (PRF) typically ranging from 0.5 to 20 kHz, based on the time for the pulse to
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travel to the maximum depth and return to the transducer. Depending on how these
vectors are processed, the image can either be a gray-scale image of the tissue boundaries
(known as echo imaging or B-mode), a pseudo-color image, where the color represents
the speed and direction of blood flow (known as color mode) or a spectral Doppler image
in which a spectrum of frequencies at one location is displayed over time. In Figure 1-2
the echo processor is responsible for generating the B-mode image, the color flow
processor is responsible for color flow image and the spectral Doppler processor is
responsible for Doppler image. These modes are discussed in detail in chapter 2 along

with the algorithms involved in generating these images.

Echo Scan Image
Processor Convertor [~ Processor
(EP) (SO) @P) l

Transducer former . Color-flow
L) Demodulat — Processor
(RD) (CP)

Display

Spectral

—>» Doppler

Processor
(SDP)

v

Figure 1-2. Ultrasound color flow system.

In addition to these existing modes, extensive research is still going on to improve
the quality of diagnosis further. Researchers and clinicians in medical ultrasound have
been exploring exciting concepts and new applications, e.g., image enhancement, three-
dimensional (3D) color flow image acquisition and display, panoramic imaging,
harmonic imaging, pulse inversion imaging, quantitative color flow, and improve the

accuracy of blood velocity estimation. Thus, in the future ultrasound machine, we
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hypothesize that there will be new modes, e.g., 3D, and new image processing options for

better understanding and better analysis of the acquired image.

1.2 Computational requirements

Large amount of computing power is required to support all the processing in color flow
imaging. In our recent article [1], we estimated the total computation required ranges
from 31 to 55 billion operations per second (BOPS), depending on whether
transcendental functions are implemented in lookup tables or calculated on the fly. The
ultrasound systems are typically implemented in a hardwired fashion by using application
specific integrated circuits (ASIC) and custom boards to meet the real-time requirements.
To incorporate new features, such as advanced image processing applications, panoramic
imaging or 3D imaging, will require even more computing power in future machines.
These new applications are currently not well defined and are continually evolving.
These dynamic applications will require the flexibility to adapt to changing requirements
offered by programmable processors, which the hardwired ASIC approach cannot
support easily.

1.3 Previous research in programmable systems

While a programmable approach offers more flexibility than the hardwired approach, an
embedded programmable system capable of meeting all the computational requirements
of an ultrasound machine currently has not been emerged. Many researchers developed
their own “add-on” programmable systems (typically external to existing ultrasound
machines) for the flexibility when developing new algorithms or applications. These
systems often have difficulty achieving real-time performance, as they are not integrated
with the machine and process the data off-line. Examples include off-line external
systems for speckle reduction [2], intravascular ultrasound image subtraction [3], 3D
reconstruction [4], and contour detection [5). Systems designed for color flow imaging
experiments require much more computing power. Jensen et al. [6] developed a
programmable system with 16 Analog Devices ADSP21060 processors to estimate the
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velocity of blood using autocorrelation technique. Bohs et al. [7] developed a unique
system that combined several hardwired boards to perform compute-intensive velocity
estimation using the sum of absolute difference method and one programmable board that
utilized 2 Texas Instruments TMS320C30 DSPs and one TMS34020 graphics processor
to perform postprocessing on the velocity estimated data. In addition to these
experimental systems, the programmable approach is beginning to appear in commercial
ultrasound machines. Siemens in collaboration with the University of Washington
integrated a programmable ultrasound image processor (PUIP) board, composed of two
TMS320C80 DSP processors, along with the other hardwired boards inside their Elegra
ultrasound machine [8]. The ATL HDI-1000 is a mid-range ultrasound machine where
programmable processors replace 50% of the previous hardware components [9). There
are also some low-end PC-based ultrasound machines emerging, supporting only B and
M modes, e.g., Medison SA-5500 that uses Pentium processors combined with hardwired
ASICs [10].

The PUIP board has clearly demonstrated the advantage of the programmable
approach’s flexibility. A new application (not initially intended for the PUIP) called
panoramic imaging was quickly developed [11]. Panoramic imaging allows the user to
see organs larger than the field of view of the standard B-mode sector by blending
multiple images into a larger panoramic image as the multiple images are acquired. The
PUIP was capable of handling panoramic imaging’s real-time processing requirements of
registration, warping, and interpolation. Since the exact algorithms for panoramic
imaging were initially undefined, the ability to modify the programs and iterate the
design was critical to quickly prototype, test and finalize the application. A hardwired
design approach could not have adapted this quickly, and there would have been
difficulties in creating a working prototype in a reasonable time and cost. This
programmable system also has successfully proven the advantage of hardware reuse. The
same hardware has been reprogrammed to offer other features in addition to panoramic
imaging, such as color panoramic imaging to view blood flow in an expanded fashion,

automatic fetal head measurement [12], fetal abdomen and femur measurement, harmonic
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imaging, and 3D imaging [13]. However, the PUIP board was not designed to implement
the entire ultrasound processing. Rather, the Elegra relies on hardwired boards for many
functions, such as echo processing, color flow processing, and scan conversion.

We hypothesize that fully programmable ultrasound systems will be the future
trend, allowing new innovative algorithms throughout the machine, from image
enhancement [2], and new velocity estimation techniques [14] to new display modes like
3D [13] and quantitative color flow imaging [15], to be easily developed, clinically
tested, which would expand the diagnostic capability of medical ultrasound machines.

1.4 Research goals and contributions

Since the color flow system includes echo processing, color flow processing, scan
conversion, spectral Doppler, and raster/image processing, none of the programmable
systems developed so far could meet all the computational requirements. These systems
typically supported only one of many requirements and imposed limitations such as
image size, ensemble size, result approximations, etc. This dissertation addresses the
issues associated with proving the feasibility of a programmable ultrasound color flow
system that can support all the algorithms and system requirements. The overall goal is to
design a programmable color flow system that can seamlessly integrate within the
ultrasound machine, provide high computational throughput and be adaptable to facilitate
clinical innovations. Features include:

® Native: It should be integrated inside the ultrasound machine, receiving data
directly from the RF demodulator and outputting to the host computer for
image display.

® Multi-modal: It can process B-mode, M-mode, color-mode, power-mode, and
spectral Doppler.

® Realtime: The processing power should be enough to be able to keep up with
the data rate from the transducer (20 kHz PRF) for a dual-beam system.

® Cost effective: Design should be based on a standard board, composed of
commercial processors, a standard bus structure (PCI) and using standard
memory components (SDRAM).



® Scalable: The system can scale from a low-end to high-end system depending
on the number of boards, and should have room for future expansion to
support other applications, such as 3D, panoramic, quantitative, and harmonic
imaging.

e CINE Memory: A video sequence consisting of many image frames should
be stored in the local processor memory before the filtering stages. This
allows the clinician to modify the amount of speckle reduction, edge
enhancement, persistence, color thresholds during CINE playback to view the
sequence from a different perspective.

To meet the above mentioned system requirements and system features, we need an
image processing engine with very high computational capabilities. New class of
advanced DSPs, known as mediaprocessors, have recently evolved to handle the high
computation requirements of multimedia applications. These provide high performance
through both instruction-level and data-level parallelism. For high performance, efficient
mapping of the ultrasound algorithms to the underlying mediaprocessor architecture and
the multi-mediaprocessor architecture is essential. Otherwise, we may not be able to
achieve the cost-effective system. In the process, we have established a methodology for
mapping algorithms to mediaprocessors and developed several new algorithm
implementations. Finally, to demonstrate that the system requirements are met, we
developed a unique multiprocessor simulation environment using VHDL to simulate

various processing modes on our ultrasound processing system.

1.5 Overview of thesis

Chapter 2 specifies the requirements that the programmable color flow system must
support and describes the algorithms utilized for generating the color flow image.

Chapter 3 describes the architecture of several VLIW processors with examples.
Since it is not possible to obtain high performance by directly implementing algorithms

on these processors, we delineate several methodologies for obtaining the good
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performance. The reason for using one particular mediaprocessor called MAP1000 for
our architecture is also presented.

Chapter 4 describes the unique algorithm implementations for several ultrasound
algorithms on the MAP1000 mediaprocessor for high performance. Without these unique
implementations, the system could not have been able to meet the performance and cost-
effectiveness requirements.

Chapter 5 summarizes the performance of algorithms on a single MAP1000. It
presents the multiprocessor architecture that is necessary to meet the real time
requirement of a color flow system. It discusses the simulation tools and techniques we
developed and the results of our multiprocessor VHDL simulations.

Finally in Chapter 6, we summarize our conclusions and contributions of this

dissertation and discuss future directions.
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Chapter 2: Ultrasound Color Flow System Requirements

In designing the programmable color flow system, we paid careful attention for
specifying the right system requirements and to develop the right system architecture. To
arrive at the right system requirements, we reviewed literature on ultrasound imaging and
their processing algorithms, evaluated various ultrasound modes, and had extensive
interaction with the industry. In the next few sections, we present the system
requirements, system features and color flow system image processing algorithm

requirements.

2.1 System requirements

Correctly specifying the system requirements is critical, as it drives the design process
and determines the characteristics of the final architecture. Under specifying would result
in a system incapable of handling the frame rates or quality expected by the user, while
over specifying would result in an expensive system, having too many processors utilized
poorly.

The system should not only meet the worst case processing requirement but also
meet the data flow requirement. In addition, it should be able to accommodate new
innovations and new applications either on the existing system by software development
or by upgrading the system. Based on a review of the literature and the anticipated
features and applications, we developed system requirements listed in Table 2-1. These
requirements are driven by the worst case PRF of 20 kHz and dual beam and assume that
the B-mode and color flow images have the same depth, thus the same PRF. Scenarios 1
through 4 have the worst case data flow requirement while scenarios 5 through 7 have the
worst case computational requirement and scenario 8 is for Doppler processing. The
largest number of samples per vector is assumed to be 1024 for B image and 512 for

color flow image, with 16 bits per sample. In C mode, the system is designed to
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simultaneously meet the requirement of B and color flow images at different frame rates.
A slow color flow frame rate can miss details of higher frequency events, such as in the
cardiac cycle. Since the color flow frame rate can be much less than the B frame rate (K
> 1), this results in different temporal and spatial relationships between the two images in
the output image sequence and could lead to a confusing diagnosis, as the B image could
be in diastole while the color flow image is in systole. Thus most of the systems have K =
1. By providing the support for K = 4, we can implement new applications without

adding any new hardware.

Table 2-1. Worst case scenarios for various processing modes.

Colol B8 #Color] #B Output sector

Scenario | Mode k S s |vectors|vectors| E ROI Image angle
—_——

1 8 — | — 1 68.0 — 512 — — 800x600 136

2 C 1 {90] 9.0 256 340 16 100% | 800x600 90

3 2 |84 16.8

4 4 | 73] 293

5 (o] 1 122.3] 22.3 256 256 6 100% | 800x600 90

6 2 |19.5] 39.1

7 4 |15.6] 62.5

8 Doppler | 1 256 78

2.2 Color flow ultrasound system algorithms

The various processing stages utilized in forming the ultrasound image after the reflected
signal is collected by the transducer are shown in Figure 2-1. The beamformer is
responsible for collecting the data from the multiple channels of the transducer and
passing them onto the next stage of processing called RF demodulator. In the next few
sections, we discuss signal/image processing algorithms involved in each processing

stage in detail.
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Figure 2-1. The block diagram and key algorithms in a color flow system.

2.2.1 RF demodulator

The reflected acoustic signal is a combination of the carrier frequency used for
transmission, signals due to stationary tissue reflection, and Doppler signals from moving
tissue and blood. Since the component of the received acoustic signal due to the carrier
frequency contains no information about the body structures being investigated, it is
removed by performing demodulation and then lowpass filtering the signal. To perform
the demodulation, the input signal is multiplied by a cosine wave at the carrier frequency.
However to determine the direction of the blood flow, i.e., to determine whether blood is
flowing towards or away from the transducer, quadrature signals are necessary. Thus, to
obtain the quadrature component, the reflected signal is demodulated with the sine signal
as well since demodulation with cosine signal only yields the in-phase component. Both
of these signals are now a combination of the desired demodulated signal at baseband and
the non-desired carrier signal modulated to twice the carrier frequency. To obtain only

the desired signal at baseband, the modulated signal is filtered out with a lowpass filter.
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L0+ jQ, ()= Y (c(n)-(I(t - n) + jO(t ~n))) @-1)

where ¢(0) .. ¢(N-1) are the filter coefficients, / and Q are the in-phase and quadrature
signals. Once the signal is at baseband, not as many samples are needed to preserve the
signal. Thus, /(1) and Q(?) are decimated to represent the baseband signal with fewer
number of samples. Since the frequencies of the signal get attenuated differentially as it
travels into the body [14], there will be some artifacts in the image formation. Thus, to
remove the artifacts, depth-dependent FIR filters are used after decimation. An FIR filter
similar to Eq. (2-1) is utilized with an exception that the filter coefficients are
selected/changed based upon the depth. The / and Q signals are then sent to the color
flow and echo processor. Most of the RF demodulator algorithms are streamlined and can
be executed efficiently using existing hardwired ASICS. Due to this fact, not
incorporating this module into our programmable system would not lower the advantages
of the programmable architecture, especially during the transition period of next 5 to 10
years. Instead, we will have a large computational advantage since this module requires a

large amount of computation.

2.2.2 Echo processor

The echo processor is responsible for generating the B-mode image. The B-mode image
is created by first taking the magnitude (envelope detection) of the quadrature signal,
B,(1)=/I*()+Q*(1). Then, the signal is logarithmically compressed, B, (r) = log(B, (1)), to
reduce the dynamic range from the sampled range (around 12 bits) to that of the output
display (8 bits) and to nonlinearly map the dynamic range to enhance the darker gray
levels at the expense of the brighter gray levels [16]. Edge-enhancing filters are used to

sharpen the tissue boundaries. A finite impulse response (FIR) can be used:

M-1N-1

B.(x,y)= 2 > h(n,m)-B,(x~n,y—m) (2-2)

m=0 n=0
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with the highpass filter coefficients, A(n,m). These filters also enhance the noise in the
image, which is typically dominated by speckle. There are several speckle filtering
techniques, of which nonlinear filters, such as median filters [17] are known to preserve
edges while reducing the noise.

To improve the signal to noise ratio further, multiple frames are temporally
filtered [18]. Temporal filtering assumes that the frame rate is low enough to ensure the
speckle is uncorrelated. It averages the current image /;, with the previous temporally
filtered output image I, i.e., I, (k)y=a-I,(k-1)+(1-a)l (k) where k is the frame
number, and a is the weight (or persistence). Temporal filtering, however, would cause
streaking in fast moving objects [19]. To avoid streaking, temporal filtering is made

inversely proportional to the difference between the new and previous samples for the

same vector, i.e., a = f(/|1, (k) - 1,,,(k - 1)).

2.3 Spectral Doppler processor

While B-mode imaging is useful for observing the spatial relationship between tissue
layers in the body and monitoring moving structures, such as the heart and fetus, it cannot
be used in visualizing faster motion, such as blood flow. In pulsed ultrasound systems,
the velocity of a sample volume is estimated from:

v PRE L, 2-3)
47f. cosO

where ¢ is the velocity of sound in blood, 6 is the Doppler angle (angle subtended
between the transducer and the blood vessel), v is the velocity of blood, Ag is the phase
difference between two consecutive pulses, and J- is the transducer center frequency.
Since frequency is the derivative of phase with respect to time ( f = PRF - Ag), velocity
is proportional to the frequency shift. When observing multiple signals received from a
single sample volume containing multiple moving scatterers, a spectrum of frequencies

can be detected, corresponding to the flow in the sample volume. Therefore, gated
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Doppler spectral estimation tracks the Doppler frequencies at a single spatial location
over time by collecting a large number of ensembles (e.g., N = 256 samples) at one

location, then it performs a fast Fourier transform (FFT) [20].

N1
X(k) = Zx(n)e'j(zx/m"k where x=1+ jQ (2-4)
n=0

Plotting the spectrum of velocities vertically versus time horizontally creates a

spectrogram, as shown in Figure 1-1.

2.4 Color flow processor

While spectral Doppler can accurately quantify the blood flow at a specific location, it
cannot be efficiently used to visualize the velocity profile over a region, as color flow
imaging can. It is the responsibility of the color flow processor to generate the color flow
image. In color flow mode, the velocity of the blood flow for a specified region of
interest (ROI) is mapped to a pseudo-color image and overlaid on top of a 2D B-mode
image generated by the echo processor as shown in Figure 1-1. The magnitude and
direction of the velocity toward and away from the transducer (i.e., axial direction) are
displayed as the brightness of colors, typically red and blue, respectively. The current
velocity estimation techniques used in diagnostic ultrasound can be divided into two main
categories: phase-shift and time-shift techniques. In the phase-shift technique, the
velocity is estimated based on the phase shift from signals at a fixed depth while in the
time-shift technique, a moving window is employed to track blood movement over a
changing depth to estimate the velocity. Both techniques are based on the same physical
principle in that the gradual translation of the backscattered signal with respect to the
previous pulse return is due to the changing distance between the transducer and a group
of moving scatterers. Most commercially-available systems use the phase-shift technique
[21]. This is due to the large amount of computation required by the time-shift estimation
techniques, which must process at the RF data rate while the phase-shift techniques

process at the baseband data rate. We estimate the demodulation and velocity estimation
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subsystems require about 32 BOPS (billion operations per second) for the time-shift
technique using cross correlation and about 7 BOPS for the phase-shift technique using
autocorrelation. The time-shift technique has performed well in estimating the velocity in
the laboratory set up while working with the phantoms and more extensive research still
need to be performed in the clinical environment objectively evaluating the improvement
over the phase-shift technique.

The phase-shift technique estimates velocity mostly via autocorrelation [22]. The
basis of the autocorrelation technique is that the relative phase between sequential echo
vectors from stationary targets does not change with time, whereas sequential echo
vectors from moving targets have corresponding changes in their relative phase. Figure
2-2 shows the relative phase change that occurs between sequential vectors due to the
moving target. Multiple vectors are acquired over time (i.e., V., V.., and Ve+2 in Figure
2-2) along a single scan line with the transducer stationary, to estimate the average
change in phase at each range bin. Barber et al. [23] showed that computing the first lag
of autocorrelation is sufficient to correctly estimate the change in phase, Ag. This change

in phase can be related back to velocity in Eq. (2-3). A¢ can be computed from:

Ag = arctan(ﬁ) (2-5)
D

where D and N are the real and imaginary part of the first lag of autocorrelation:

b = 2eaU(@)I(e+1) + Q(e)0(e + 1) (2-6)
E-1

N = 3 Q) (e +1) - I(e)O(e + 1)) -7
E-1

E is the ensemble size or the number of vectors shot along the same scan line, normally
varying from 4 to 16. The phase-shift technique utilized to estimate the velocity suffers
from two limitations, i.e., limited axial resolution and the maximum detectable velocity

measurement.
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Figure 2-2. Phase shift difference between consecutive vectors due to
moving particle

The transmitted signal does not have a single frequency, but a spectrum of
frequencies. The attenuation of the ultrasound signal as it travels through the tissue is
frequency-dependent, with larger attenuation for the higher frequency components. As a
result, the center frequency of the received signal is shifted down compared to the
originally-transmitted f [14]. This frequency shift is more dramatic for broadband
signals, resulting in an increase in the variance of the velocity estimate since £ is in the
denominator of Eq. (2-3). Thus, narrowband signals are used to reduce the variance of the
velocity estimate when using the phase-shift technique. This is at the expense of lower
axial resolution, as broadband signals have better axial resolution (4R) given by:

ar=-Nc< (2-8)
4 /.
where N is the number of cycles in the pulse [24]. A narrowband signal (i.e., N=8 to 15)

is normally used for the phase-shift technique [14], thus limiting the axial resolution (for
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B-mode, N = 2). Also, the phase-shift technique is limited to the maximum axial velocity
that can be unambiguously measured:

¢ PRF
vm—z T (2-9)

The time-shift technique can overcome the axial resolution limitation by using broadband
signal and the maximum velocity limitation by performing cross correlation across
several range bins [25]. However, the phase-shift technique is still popular as discussed
before to estimate the velocity since the computational advantages associated with the
phase-shift technique far outweigh the disadvantages.

In addition to the desired signal from the blood scatterers, the received signal
contains clutter noise returned from the surrounding tissue and slowly-moving vessel
walls. The frequency components due to wall motion are low, e.g., < 1 kHz, while the
blood motion frequency is typically around 15 kHz [26]. Due to the smooth structures of
the walls, the clutter signal can be much stronger (i.e., about 40 dB) than the scattered
signal from the blood [27]. In the presence of clutter, blood velocity estimates will be
incorrect. Thus, many highpass filters have been developed to remove the unwanted
clutter signal and improve the velocity estimates. These techniques include stationary
echo cancelling, finite impulse response (FIR), infinite impulse response (IIR), and
regression filters [14]. Of these techniques, regression filters have shown to have better
performance compared to other techniques [28].

Since the clutter is normally not centered around zero frequency either due to the
vessel wall movement in the body or the transducer movement, a filter designed with the
assumption that clutter is centered on zero will not be able to filter clutter effectively.
Thus, the color flow processor incorporates the adaptive wall filtering. The frequency of
the clutter is estimated first, and then this frequency is utilized to shift the whole signal so

that clutter gets centered on zero frequency using a complex multiplication:

(1(k) + jQ(k))e™** (2-10)
where the ensemble k = 0,1,2,...E-1 and 8. is the estimated frequency of the clutter [30].
Thus, wall filtering is an adaptive two-pass feedback filter. In the first pass, the wall filter
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is bypassed. The autocorrelation generates an approximation of clutter stored as estimates
of the signal power, signal in-phase (denominator) and signal quadrature (numerator).
The lowpass filter (clutter processor) performs axial and lateral averaging of the
estimated clutter components. The revised clutter estimate is then input to the wall filter
to adjust the shape for effective removal of the clutter signal. It is during the second pass
that the wall filter is performed. Thus, the flow of processing in the color flow processor
is autocorrelation <> clutter processing > velocity estimation = clutter shift=> wall
Silter - autocorrelation <> CF Part 2. Sometimes when the velocity of blood is low and
close to the velocity of clutter, adaptive filtering is not performed since it might shift the
color flow signal as well. In this case, the flow of processing is wall filter 2
autocorrelation <> CF Part 2.

In CF Part 2, blood velocity is estimated and several filters are utilized to smooth
out the velocity signal. A 3 x 3 2D boxcar filter (where all the filter coefficients are 1) is
utilized to smooth the numerator and denominator after which velocity is estimated. The
purpose of the keyhole filter is to zero out low magnitude velocity estimates. The input to
the keyhole filter is the estimated velocity phasor in the polar form. The keyhole filter
compares the incoming phasors to the preset threshold phasors. The phasors, which are
below the threshold phasors, are zeroed. This prevents slow magnitude/velocity
component to affect the color flow map for the display. The disadvantage of the keyhole
filter is that it leaves a lot of holes in the image. Thus, a 3 x 3 median filter is utilized to
fill the holes. The median phase is then output in the 3 x 3 neighborhood. Sudden
movement of the probe or the sudden movement of the patient would cause flash of color
in the image. Such flashes are distracting and they do not pertain to biologically pertinent
flow. The persistence algorithm slowly decays the sudden changes when the underlying
signal suddenly drops out. To maintain a persistence in case of a sudden dropout or
increase in the flow signal, a decayed value for each color phasor from the previous
vector is calculated and compared with the current value of the phasor. If the current

phasor has a smaller phase or power than the decayed phasor calculated from the
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previous phasor, then the decayed phasor is output instead of the current one (thus the

flow persists by the decay constant in case of sudden dropout).

2.5 Scan conversion and tissue flow decision

After the B-mode and color flow data are acquired and processed, the polar coordinate
data must then be spatially transformed to the geometry and scale of the sector scan on
the Cartesian raster output image through a process known as scan conversion [31]. As
Figure 2-3 shows, when a sector scan is made using a curvilinear transducer, each
Cartesian raster pixel value P(x,y) must be interpolated from its surrounding polar vector

data V(7). A 4 x 2 interpolation is normally utilized for scan conversion output.

Figure 2-3. Computing an output pixel value via a 4x2 interpolation with
the polar input data.

Following the creation of the B-mode and color flow frames after scan
conversion, the final image processing stage contains the frame interpolation (FI) and
tissue/flow decision (TFD) algorithms. If the B-mode and color flow image frames are
obtained at different frame rates, then frame interpolation is used to increase the apparent
frame rate of the slower mode. Bilinear interpolation is used between C,;; and C,.. to
temporally interpolate synthetic frames. After frame interpolation, the color flow and B-
mode data are at the same frame rate and can be combined into one output image. The

tissue/flow decision algorithm determines whether a gray-scale B-mode pixel, B(x,y), or a
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color flow pixel, @x,y), should be output for each pixel in the color flow region of
interest (ROI). The decision is based on predetermined thresholds for various
parameters, and the algorithm implemented is:

If B(x,y) > Bihreshoia then
Out(x.y) = B(x,y)
Else if |#(x.3)| > @hreshota and R(x.y) > Rupreshora then
Out(x,y) = ¢x.y)
Else
Out(x,y) = B(x,y)
This is typically the last stage of processing in current ultrasound machines. In future

machines, this stage could also perform more advanced image processing, such as
automatically segmenting images and creating different views of several obtained

images, e.g., panoramic imaging and 3D imaging.

2.6 Conclusion

Large amount of computation power is required to support all these algorithms and
system requirements because of which ASICs have been used as discussed before. Our
goal is to design a programmable system using mediaprocessors that can meet the entire
algorithm and system requirement.

New generation DSP processors are emerging to support real-time applications
like digital TV, set-top boxes, desktop video conferencing, multi-function printers, digital
cameras, machine vision, and medical imaging at a low cost. These mediaprocessors
achieve high performance using both instruction-level and data-level parallelism.
Instruction-level parallelism allows multiple operations to be initiated in a single clock
cycle while data-level parallelism allows the same operation to be performed on multiple
data sets simultaneously. Several factors make the VLIW architecture especially suitable
for our ultrasound applications. First, most ultrasound algorithms are dominated by data-
parallel computation and consist of core tight loops (e.g., convolution) that are executed
repeatedly. Since the program flow is deterministic, it is possible to develop and map a
new algorithm efficiently by utilizing the on-chip parallelism to its maximum. Second,

single-chip high-performance VLIW proceszc.: +.jili multiple functional units (e.g., add,
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multiply and load/store) have become commercially available recently at a low cost. In

the next chapter, we present VLIW processor architecture and their features in detail with

a few example processors.
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Chapter 3: VLIW Architecture for DSP Applications

In this chapter, both architectural and programming features of VLIW processors are
discussed. In the next section, VLIW’s architectural features are outlined while several
commercially-available VLIW processors are discussed in Section 3.2. Algorithm
mapping methodologies on VLIW processors are presented in Sections 3.3 and why we

choose the MAP1000 for our architecture is presented in Section 3.4.

3.1 VLIW architecture

A VLIW processor has a parallel internal architecture and is characterized by having
multiple independent functional units [34] as shown in Figure 3-1. Factors that make
VLIW processors powerful are: (1) instruction-level parallelism (2) data-level parallelism
(3) powerful instruction set and (4) programmable data flow. Each of these factors is

discussed in the following sections.

Very Long Instruction

Op_code 1| Op_code 2 |Op_code 3 | Op_code 4 Op_code N
v v v v v
FU FU FU FU FU

1 2 3 4 . N

+ 3 ¢ 3 3

Registers, Cache and Memory

Figure 3-1. Block diagram for a typical VLIW processor with multiple functional units.

3.1.1 Instruction-level parallelism (ILP)

The programs can be sped up by executing several RISC-like operations, such as load,

stores, multiplications and additions, all in parallel on different functional units. Each
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very long instruction contains an operation code for each functional unit, and all the
functional units receive their operation codes at the same time. Thus, VLIW processors
typically follow the same control flow across all functional units. The register file and on-
chip memory banks are shared by multiple functional units. A better illustration of ILP is
provided with an example. Consider the computation of

Y =ai;x;+ax; + azx;
on a sequential RISC processor

cycle |l: load a;

cycle 2: load x,;

cycle 3: load a;

cycle 4: load x;

cycle 5: multiply z; a; x,
cycle 6: multiply z; a; x;
cycle7: addy z; z;
cycle 8: load a;

cycle 9: load x;

cycle 10: multiply z; a3 x;
cyclell: addyy z;

which requires 11 cycles. On the VLIW processor that has two load/store units, one
multiply unit and one add unit, the same code can be executed in only S cycles.

cycle I: load a,
load x,;
cycle 2: load a;
load x;
multiply z; a; x;
cycle 3: load a;
load x;
multiply z; a; x;
cycle 4: multiply z; a3 x;
add yz;z;
cycleS:addyy z;

Thus, the performance is approximately two times faster than that of a sequential RISC

processors. If this loop needs to be computed repeatedly (e.g., FIR), the free slots
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available in cycles 3, 4, and 5 can be utilized by overlapping the computation and loading

for the next output value to improve the performance further.

3.1.2 Data-level parallelism

Also, the programs can be sped up by performing partitioned operations where a single
arithmetic unit is divided to perform the same operation on multiple smaller precision
data, e.g., a 64-bit ALU is partitioned into eight 8-bit units to perform eight operations in
parallel. Figure 3-2 shows an example of partitioned-add where eight pairs of 8-bit pixels
are added in parallel by a single instruction. This feature is often called as multimedia
extension [35]. By dividing the ALU to perform the same operation on multiple data, it is
possible to improve the performance by 2x, 4x or 8x depending upon the partition size.
The performance improvement using data-level parallelism is also best explained with an
example of adding two arrays (a and b each has 128 elements with each array element
being 8 bits), which is shown below.

/* Each element of array is 8 bits */
char a[128], b[128], c[128] ;
Jor (i=0;i<128; i++)f
cfi] =ali] + bfi];
/

The same code can be executed utilizing partitioned_add -

long a[16], b[16}, c[16] ;
for (i = 0; i < 16; i++){
c[i] = partitioned_add(afi], b[i]);
/

The performance with data-level parallelism is increased by a factor of eight in this
example. Since the number of loop iterations also decreases by a factor of eight, there

will be an additional performance improvement due to the reduction of branch overhead.
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Figure 3-2. Example partition operation: partitioned-add.

To support data-level parallelism well, the functional units (e.g., ALU and multiplier)

have to be designed accofdingly with a well-designed instruction set.

3.1.3 Instruction set architecture

The data-level parallelism in multimedia applications can be utilized by a special subset
of instructions, called Single Instruction Multiple Data (SIMD) instructions [36-37].

These instructions operate on multiple 8, 16, or 32-bit sub-words of the operands. The

current SIMD instructions can be categorized into the following groups:

Partitioned arithmetic/logic instructions: add, subtract, multiply, compare, shift
and etc.

Sigma instructions: inner-product, sum of absolute difference (S4D), sum of
absolute value (S4AM), and etc.

Partitioned select instructions: min/max, conditional_selection, and etc.
Formatting instructions: map, shuffle, compress, expand, and etc.
Processor-specific instructions optimized for multimedia, imaging and 3D

graphics.

The instructions in the first category perform multiple arithmetic operations in one

instruction. The example of partitioned_add is shown in Figure 3-2, which performs the

same operation on eight pairs of pixels simultaneously. These partitioned arithmetic/logic

units can also saturate the result to the maximum positive or negative value, truncate the
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data or round the data. The instructions in the second category are very powerful and
useful in ultrasound processing. Eq. (3-1) is an inner-product example while Eq. (3-2)
describes the operations performed by the SAD instruction, where x and ¢ are eight 8-bit
data stored in each 64-bit source operand and the results are accumulated in y.

i=7
y=2 c; * x; (3-1)

y =2 le, - x, (-2)

The inner-product instruction is ideal in implementing convolution-type algorithms while
the SAD and SAM instructions are very useful in video processing, e.g., motion
estimation. The third category of instructions can be used in minimizing the occurrence
of if/then/else to improve the utilization of instruction-level parallelism. The formatting
instructions in the fourth category are mainly used for rearranging the data in order to
expose and exploit the data-level parallelism. An example of using shuffle and combine to
transpose a 4 x 4 block is shown in Figure 3-3. Two types of compress are presented in
Figure 3-4. compress1 in Figure 3-4(a) packs two 32-bit values into two 16-bit values and
stores them into a partitioned 32-bit register while performing the right-shift operation by
a specified amount. compress2 in Figure 3-4(b) packs four 16-bit values to four 8-bit
values while performing the right-shift operation by a specified amount. compress2
saturates the individual partitioned results after compressing to 0 or 255. In the fifth
category of instructions, each processor has its own instructions to further enhance the
performance. For example, complex_multiply shown in Figure 3-5, which in one
instruction performs two partitioned complex multiplications, is useful for implementing

the FFT and autocorrelation algorithms.
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Figure 3-5. complex-multiply instruction.

Although these instructions are powerful, they take multiple cycles to complete,

which is defined as latency. For example, partitioned arithmetic/logic instructions have a
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3-cycle latency while sigma instructions have a latency of 5 to 6 cycles. To achieve the
best performance, all the execution units need to be kept as busy as possible every cycle,
which is difficult due to these latencies. However, these instructions have a single-cycle
throughput (i.e., another identical operation can be issued in the next cycle) due to
hardware pipelining. In Section 3.3.2 loop unrolling and software pipelining are
discussed, which tries to exploit this single-cycle throughput to overcome the latency
problem.

Many improvements in the processor architectures and powerful instruction sets
have been steadily reducing the processing time, which makes the task of bringing the
data from off-chip to on-chip memory fast enough so as not to slow down the functional
units a real challenge. This problem gets exasperated with the growing speed disparity
between the processor and the off-chip memory, e.g., the number of CPU cycles required

to access the main memory doubles approximately every 6.2 years [38].

3.1.4 Memory I/O

There are several methods to move the data between slower off-chip memory and faster
on-chip memory. The conventional method of handling data transfers in general-purpose
processors has been via data caches [36], while the DSPs have been more relying on
direct memory access (DMA) controllers [39]. Data caches have a nonpredictable access
time. The data access time to handle a cache miss is at least an order of magnitude slower
than that of a cache hit. On the other hand, the DMA controller has a predictable access
time and can be programmed to hide the data transfer time behind the processing time by
making it work independently from the core processor. But it requires some effort by the
programmer, e.g., the data transfer type, amount, location, and other information
including synchronization between DMA and processor have to be thought through and
specified by the programmer [40]. In Section 3.3.6 DMA programming techniques, to
hide the data movement time behind the core processor’s computing time, are presented.
Many DSP programmers have developed their applications in assembly language.

However, programming in assembly language is difficult to code, debug, maintain, and
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port, especially as applications become larger and more complex and processor
architectures get very sophisticated. For example, the arrival of powerful VLIW
processors with the complex instruction set and the need to perform loop unrolling and
software pipelining has increased significantly the complexity and difficulty of assembly
language programming. Thus, a lot of efforts are being made to develop intelligent

compilers that can reduce or ultimately eliminate the burden and need of assembly

language programming.

3.1.5 Programming of VLIW processors

For VLIW processors, the scheduling of all instructions is the responsibility of the
programmer and/or compiler. Thus, the assembly language programmers must
understand the underlying architecture intimately to be able to obtain high performance in
a certain algorithm and/or application. Smart compilers for VLIW processors to ease the
programming burden are very important. Tightly coupled with the advancement of
compiler technologies, there have been many useful programming techniques to improve
the performance of compiled code, such as loop unrolling, software pipelining and use of
C intrinsics [41]. In particular, C intrinsics can be used as a good compromise between
the performance and programming productivity. A C intrinsic is a special C language
extension, which looks like a function call, but directs the compiler to use a certain
assembly language instruction. In programming TMS320C62, for example, the int
_add2(int, int) C intrinsic would generate an ADD2 assembly instruction (two 16-bit
partitioned additions) using two 32-bit integer arguments. The compiler technology has
advanced to the point that the compiled programs using C intrinsics in some cases have
been reported to approach up to 60 - 70% of the hand-optimized assembly program
performance [42].

The use of C intrinsics improves the programming productivity since the compiler
can relieve the programmer from register allocation, software pipelining, handling multi-
cycle latencies, and other tasks. However, what instructions to use still depends upon the

programmer, and the choice of instructions decides the performance that can be obtained.
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Thus, careful analysis and design of an algorithm to make good use of powerful
instructions and instruction-level parallelism is essential [43]. Algorithms developed
without any consideration of the underlying architecture often do not produce the desired
level of performance. Another important issue that needs to be taken care of in order to
obtain the good performance is the efficient data handling between the on-chip and off-
chip memories. A DMA controller could be used to hide the VO time behind the
processing time as much as possible.

In the next section, several commercially available VLIW processors are briefly

discussed.

3.2 Example VLIW processors

Every VLIW processor tries to utilize both instruction-level and data-level parallelism.
They distinguish between themselves in the number of banks and amount of on-chip
memory and/or cache, the number and type of functional units, the way in which the
global control flow is maintained, and the type of interconnections between the functional
units. In this section, five VLIW processors and their basic architectural features are
briefly discussed. Many of these processors have additional functional units to perform

sequential processing, such as that required in MPEG's Huffman decoding.

3.2.1 Texas Instruments TMS320C62

The Texas Instruments TMS320C62 [44] shown in Figure 3-6 is a VLIW architecture
with 256 bits per instruction. This DSP features 2 clusters, each with 4 functional units.
Each cluster has its own 16 32-bit registers with two read ports and one write port for
each functional unit. There is one cross-cluster read port each way, so a functional unit in
one cluster can access values stored in the register file of the other cluster. Most
operations have a single-cycle throughput and a single-cycle latency except for a few
operations. For example, a multiply operation has a single-cycle throughput and a 2-cycle
latency, while a load/store operation has a single-cycle throughput and a 5-cycle latency.

Two integer arithmetic units support partitioned operations in that each 32-bit arithmetic
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and logic unit (ALU) can be split to perform two 16-bit additions or two 16-bit
subtractions. The TMS320C62 also features a programmable Direct Memory Access
(DMA) controller combined with two 32-kbyte on-chip data memory blocks to handle
I/O data transfers.

64KB Instruction Cache

16 32-bit Registers > 16 32-bit Registers
Load/ . integer/ Load/ . integer/
Store Muitiply Branch Integer Store Multiply Branch Integer
Cluster 0 Cluster 1
a
'
] To/From
64KB On-chip Memory external
'y DMA mgmo
Controller v

Figure 3-6. Block diagram of the Texas Instruments TMS320C62.

3.2.2 Fujitsu FR500

The bock diagram of the Fujitsu FR500 [45] VLIW processor is shown in Figure 3-7. It
can issue up to four instructions per cycle. It has two integer units, two floating-point
units, a 16-kbyte 4-way set-associative data cache, and a 16-kbyte 4-way set-associative
instruction cache. This processor has 64 32-bit general purpose registers and 64 32-bit
floating-point registers. Integer units are responsible for double word load/store, branch,
integer multiply, and integer divide operations. They also support integer operations, such
as rotate, shift, and AND/OR. All these integer operations have a single-cycle latency
except load/store, multiply and divide. Multiply has a 2-cycle latency with a single-cycle
throughput, divide has a 19-cycle latency with a 19-cycle throughput, and load/store has a
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3-cycle latency with a single-cycle throughput. Floating-point units are responsible for
single-precision floating-point operations, double word load and SIMD-type operations.
All the floating-point operations have a 3-cycle latency with a single-cycle throughput
except load, divide, and square root. Floating-point divide and square root operations
have a 10-cycle and 15-cycle latency, respectively, and they cannot be pipelined with
another floating-point divide or square root operation since the throughput for both of
these operations is equal to their latency. For load, latency is 4-cycle while throughput is
single-cycle. The floating-point unit also performs multiply and accumulate with 40-bit
accumulation, partitioned arithmetic operations on 16-bit data, and various formatting
operations. Partitioned arithmetic operations have either one or two-cycle latency with a
single-cycle throughput. All computing units support predicated execution for
if/then/else-type statements. Since this processor does not have a DMA controller, it has

to rely on caching mechanism to move the data between on-chip and off-chip memory.

Two Integer Units Two Floating-point Units/
SIMD Units
64 32-bit General 64 32-bit Floating-point
Registers Registers
Cache
SDRAM
16KB 16KB
Data Instruction

Figure 3-7. Block diagram of the Fujitsu FRS00.

3.2.3 Texas Instruments TMS320C80

The Texas Instruments TMS320C80 [46] incorporates not only instruction-level and
data-level parallelism, but also multiple processors on a single chip. Figure 3-8 shows the

TMS320C80’s block diagram. It contains four Advanced Digital Signal Processors
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(ADSPs; each ADSP is a DSP with a VLIW architecture), a RISC processor, and a
programmable DMA controller called Transfer Controller (TC). Each ADSP has its own
2-kbyte instruction cache and four 2-kbyte on-chip data memory modules that are

serviced by the DMA controller. The RISC processor has a 4-kbyte instruction cache and

a 4-kbyte data cache.
Advanced Advanced Advanced Advanced RISC
DSP3 ¢ DSp2 ! DSP1 DSPO Processor
] | L [ 1 ) N 1 L G | i
Transfer
64 .| Controller |, 64
C ba l——> >

rosshar (DMA)

ARG £ ...

Figure 3-8. Block diagram of the Texas Instruments TMS320CS80.

Instruction

Each ADSP has a 16-bit multiplier, a 3-input 32-bit ALU, a branch unit, and two
load/store units. The RISC processor has a floating-point unit, which can issue floating-
point multiply/accumulate instructions on every cycle. The programmable DMA
controller supports various types of data transfers with complex address calculations.
Each of the five processors is capable of executing multiple operations per cycle. Each
ADSP can execute one 16-bit multiplication (that can be partitioned into two 8-bit
multiply units), one 32-bit add/subtract (that can be partitioned into two 16-bit or four 8-
bit units), one branch, and two load/store operations in the same cycle. Each ADSP also
has three zero-overhead loop controllers. However, this processor does not support some
powerful operations, such as SAD or inner-product. All operations on the ADSP

including load/store, multiplication and addition are performed in a single cycle.
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3.2.4 Philips Trimedia TM1000

The block diagram of the Philips Trimedia TM1000 [37] is shown in Figure 3-9. It has a
16-kbyte data cache, a 32-kbyte instruction cache, 27 functional units, and various I/O
units and coprocessors. The TM1000 does not have a programmable DMA controller
and relies on the caching mechanism to move the data between on-chip and off-chip
memory. The TM1000 can issue five simultaneous operations to five out of the 27
functional units per cycle, i.e., five operation slots per cycle. The two DSPALU units can
each perform either 32-bit or 8-bit/16-bit partitioned arithmetic operations. Each of the
two DSPMUL units can issue two 16x16 or four 8x8 multiplications per cycle.
Furthermore, each DSPMUL can perform an inner-product operation by summing the
results of its two 16x16 or four 8x8 multiplications. In ALU, pack/merge (for data
formatting) and select operations are provided for 8-bit or 16-bit data in the 32-bit source
data. All the partitioned operations including load/store and inner-product type operations

have a 3-cycle latency and a single-cycle throughput.
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Figure 3-9. Block diagram of the Philips Trimedia TM1000.

3.2.5 Hitachi/Equator Technologies MAP1000

The block diagram of the Hitachi/Equator Technologies MAP1000 [47] is shown in
Figure 3-10. The processing core consists of 2 clusters, a 16-kbyte 4-way set-associative
data cache, a 16-kbyte 2-way set-associative instruction cache and a video graphics
coprocessor. It has an on-chip programmable DMA controller called Data Streamer (DS).
Each cluster has 64 32-bit general registers, 16 predicate registers, a pair of 128-bit
registers, an Integer Arithmetic Logic Unit (IALU) and an Integer Floating-point
Graphics Arithmetic Logic Unit (IFGALU). Two clusters are capable of executing four
different operations (e.g., 2 on IALUs and 2 on IFGALUs) per clock cycle. The IALU
can perform either a 32-bit fixed-point arithmetic operation or a 64-bit load/store
operation. The IFGALU can perform 64-bit partitioned arithmetic operations, sigma
operations on 128-bit registers (on partitions of 8, 16, and 32), and various formatting
operations on 64-bit data (e.g., map and shuffle). The IFGALU unit can also execute

floating-point operations including division and square root. Partitioned arithmetic
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operations have a 3-cycle latency with a single-cycle throughput, multiply and inner-
product operations also have a 6-cycle latency with a single-cycle throughput. Most of
the floating-point operations also have a 6-cycle latency with a single-cycle throughput
except divide and square root, which have 17-cycle latency with a 16-cycle throughput.
The MAP1000 has a unique architecture in that it supports both data cache and DMA
mechanism. With the DMA approach, the 16-kbyte data cache itself can be used as on-
chip memory. The MAP1000’s dual PCI ports will provide a good basis for

interconnecting the multiple processors gluelessly.
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Figure 3-10. Block diagram of the Hitachi/Equator Technologies MAP1000.

3.3 Mapping of algorithms to the VLIW architecture

Implementation of an algorithm onto a VLIW processor for high performance requires
the good understanding of the algorithm, processor architecture, and instruction set.
There are several programming techniques that can be used to improve the algorithm

performance. These techniques include:
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® Judicious use of instructions to utilize multiple execution units and data-level
parallelism.
¢ Loop unrolling and software pipelining.
* Avoiding conditional branching.
® Overcoming memory alignment problems.
e Utilizing fixed-point operations instead of floating-point operations.
¢ Use of the DMA controller to minimize IO overhead.

In this section, these techniques are discussed in detail.

3.3.1 Judicious use of instructions

VLIW processors have the optimum performance when all the functional units are
utilized efficiently and maximally. Thus, the careful selection of instructions to utilize the
underlying architecture to keep all the execution units busy is critical. For illustration,
consider an example where a lookup table operation is performed, i.e., LUT (x[i]).

char x[128], y[128] ;
Jor (i=0; i < [28; [++)
yli] = LUT(x[i]);

This algorithm mapped to the MAP1000 without considering the instruction set
architecture requires 3 IALU operation (2 loads and 1 store) per data point, which
corresponds to 384 instructions for 128 data points (assuming one cluster). By utilizing
multimedia instructions so that both IALU and IFGALU are well used, the performance
can be improved significantly as shown in Figure 3-11. Here, 4 data points are loaded in a
single load TALU instruction, and the IFGALU is utilized to separate each data point
before the IALU performs LUT operations. After performing the LUT operations, the
IFGALU is again utilized to pack these four data points so that a single store instruction

can store all four results. This algorithm leads to 6 IALU operations and 6 IFGALU
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operations for every four data points. Since the IALU and IFGALU can run concurrently,
this reduces the number of cycles per pixel to 1.5 compared to 3 before. This results in a
performance improvement by a factor of 2. This simple example illustrates that it is
possible to improve the performance significantly by carefully selecting the instructions

in implementing the intended algorithm.
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Figure 3-11. Performing LUT using IALU and IFGALU on the MAP1000.

3.3.2 Loop unrolling and software pipelining

Loop unrolling and software pipelining are very effective in overcoming the multiple-
cycle latencies of the instructions. For illustration, consider an algorithm implemented on
the MAP1000, where each element of an array is multiplied with a constant k. On the
MAP100, load/store has a S5-cycle latency with a single-cycle throughput, and
partitioned_multiply (that performs eight 8-bit partitioned multiplications) has a 6-cycle
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latency with a single-cycle throughput. Figure 3-12(a) illustrates the multiplication of
each array element (in_data) with a constant k where & is replicated in each partition of
the register for partitioned_multiply. The array elements are loaded by the IALU, and
partitioned_multiply is performed by the IFGALU. Since load has a 5-cycle latency,
partitioned_multiply is issued after 5 cycles. The fesult is stored after another latency of 6
cycles since partitioned_multiply has a 6-cycle latency. Only 3 instruction slots are
utilized out of 24 possible IALU and IFGALU slots in the inner loop, which results in
wasting 87.5% of the instruction issue slots and leads to a disappointing computing
performance.

To address this latency problem and underutilization of instruction slots, loop
unrolling and software pipelining can be utilized [48]. In loop unrolling, multiple sets of
data are processed inside the loop. For example, six sets of data are processed in Figure
3-12(b). The latency problem is partially overcome by taking advantage of the single-
cycle throughput and filling the delay slots with the unrolled instructions. However,
many instruction slots are still empty since the IALU and IFGALU are not used
simultaneously. Software pipelining can be used to fill these empty slots, where
operations from different iterations of the loop are overlapped and executed
simultaneously by the IALU and IFGALU as shown in Figure 3-12 (c). By the IALU
loading the data to be used in the next iteration and the IFGALU executing the
partitioned_multiply instructions using the data loaded in the previous iteration, the [ALU
and IFGALU can execute concurrently, thus increasing the instruction slot utilization.
Few free slots available in the IFGALU unit can be utilized for controlling the loop
counters. However, to utilize software pipelining, some preprocessing and postprocessing
need to be performed. For example, loading in the prologue the data to be used in the first
iteration and executing partitioned_multiply and store in the epilogue for the data loaded
in the last iteration as shown in Figure 3-12 (c). Thus, the judicious use of loop unrolling
and software pipelining results in the increased data processing throughput when Figure
3-12 (a) and Figure 3-12 (c) are compared (a factor of 5.7 when an array of 480 is

processed, i.e., 720 cycles vs. 126 cycles).
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Figure 3-12. Example of loop unrolling and software pipelining.

3.3.3 Fixed-point vs. Floating-point

The VLIW processors predominantly have fixed-point functional units with some

floating-point support. The floating-point operations are generally computationally-

expensive with longer latency and lower throughput than fixed-point operations. Thus, it

is desirable to carry out ultrasound algorithm computations in fixed-point arithmetic and

avoid floating-point operations if we can.
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While using fixed-point arithmetic, the programmer has to pay attention to several
issues, e.g., accuracy and overflow. When multiplying two numbers, the number of bits
required to represent the result without any loss in accuracy is equal to the sum of the
number of bits in each operand, e.g., while multiplying two N-bit numbers 2N bits are
necessary. Storing 2N bits is expensive and is usually not necessary. If only N bits are
kept, it is up to the programmer to determine which N bits to keep. Several instructions
on these VLIW processors provide a variety of options to the programmer in selecting,
which N bits to keep.

Overflow occurs when too many numbers are added to the register accumulating
the results, e.g., when a 32-bit register tries to accumulate the results of 256
multiplications each with two 16-bit operands. One measure that can be taken against
overflow is to utilize more bits for the accumulator, e.g., 40 bits to accumulate the above
results. Many DSPs do in fact have extra headroom bits in the accumulators
(TMS320C62 and FR500). The second measure that can be used is to clip the result to
the largest magnitude positive or negative number that can be represented with the fixed
number of bits. This is more acceptable than permitting the overflow to occur, which
otherwise would yield a large magnitude and/or sign error. Many VLIW instructions can
automatically perform clip operation (MAP1000 and TM1000). The third measure is to
shift the product before adding it to the accumulator. A complete solution to the overflow
problem requires that the programmer be aware of the scaling of all the variables to
ensure that the overflow would not happen.

If a VLIW processor supports floating-point arithmetic, it is often convenient to
utilize the capability. For example, in case of computing square root, it is advantageous to
utilize a floating-point unit rather than using an integer unit with a large lookup table.
However, to use floating-point operations with integer operands, some extra operations
are required, e.g., converting floating-point numbers to fixed-point numbers and vice
versa. Furthermore, it takes more cycles to compute in floating point compared with in

fixed point.
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3.3.4 Avoiding if-then-else statements

There are two types of branch operations that occur while programming.
Loop branching: Most ultrasound algorithms spend a large amount of time in simple
inner loops. These loops are usually iterated many times, the number of which is constant
and predictable. Usually, the branch instructions that are utilized to loop back to the
beginning of a loop have a minimum of a two-cycle latency and require decrement and
compare instructions. Thus, if the inner loop is not deep enough, the overhead due to
branch instructions can be rather high. To overcome this problem, several processors
support the hardwired loop handling capability, which does not have any delay slots and
does not require any decrement and compare instructions. It automatically decrements the
loop counter (set outside the inner loop) and jumps out of the loop as soon as the branch
condition is satisfied. For other processors that do not have a hardwired loop controller, a
loop can be unrolled several times until the effect of additional instructions (decrement
and compare) becomes minimal.
if/then/else branch: Conditional branching inside the inner loop can séverely degrade the
performance of a VLIW processor. For example, the direct implementation of the
following code segment on the MAP1000 (where X, Y, and S are 8-bit data points) would
be Figure 3-13(a), where the branch-if-greater-than (BGT) and jump (JMP) instructions
have a three-cycle latency.

f (X>7)

S=5S+X;

else
S=85+Y:;

Due to the idle instruction slots, it takes either 7 or 10 cycles per data point (depending on
the path taken) since we cannot use instruction-level and data-level parallelism
effectively. Thus, to overcome this if/then/else barrier, two methods can be used:
e Use predicated instructions: Most of the instructions can be predicated. A
predicated instruction has an additional operand that determines whether or not

the instruction should be executed. These conditions are stored either in a separate
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set of 1-bit registers called predicate registers or regular 32-bit registers. An
example with a predicate register to handle the iffthen/else statement is shown in
Figure 3-13(b). This method requires only five cycles (compared to 7 or 10) to
execute the same code segment. A disadvantage of this approach is that only one
data point is processed at a time, thus it cannot utilize data-level parallelism.

Use select instruction: select along with compare can be utilized to handle the
if/then/else statement efficiently. compare as illustrated in Figure 3-13(c) is
utilized in comparing each pair of sub-words in two partitioned source registers
and storing the result of the test (i.e., TRUE or FALSE) in the respective sub-
word in another partitioned destination register. This partitioned register can be
used as a mask register (M) for the select instruction, which depending on the
content of each mask register partition, selects either X or ¥ sub-word. As there
are no branches to interfere with software pipelining, it only requires S cycles per
loop. Out of these 5 cycles, two IALU cycles (for load and store) can be hidden
behind 3 IFGALU cycles (compare_>, bit_select, add) utilizing loop unrolling
and software pipelining discussed in the previous section thus reducing the
number of cycles per loop to 3. More importantly, since the data-level parallelism,
i.e., partitioned operations, of the IFGALU is used, the performance increases
further by a factor of 8 for 8-bit sub-words.
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Figure 3-13. Avoiding branches while implementing if7then/else code.

3.3.5 Memory alignment

To take advantage of the partitioned operations, the address of the data loaded from
memory needs to be aligned. For example, if the partitioned register size is 64 bits (8
bytes), then the address of the data loaded from memory into the destination register
should be a multiple of 8 [49]. When the input data words are not aligned, extra overhead
cycles are needed in loading two adjacent data words and then extracting the desired data
word by performing shift and mask operations. An instruction called align is typically
provided to perform this extraction. Figure 3-14 shows the use of align, where the desired
non-aligned data, x; through X0, are extracted from the two adjacent aligned data words
(xo through x7 and xg through x;s) by specifying a shift amount of 3.
Source 0 (64-bit)

Source 1 (64-bit)
X | X1a | X3 | Xq2 | X910 | X490 | Xg x1s|"7 Xg | Xg | Xg | X3 | X2 | X, | Xp

Shift amount = 3
Xg | Xs | X7 | X6 [ X5 | X4 | X, >

10

Destination (64-bit)

Figure 3-14. align instruction to extract the non-aligned eight bytes.



3.3.6 DMA programming

In order to overcome the IO bottleneck, a DMA controller can be utilized, which can
stream the data between on-chip and off-chip memory, independent of the core processor.
In this section, two DMA modes frequently used are described: 2D block transfer and
guided transfer. 2D block transfers are utilized for most applications while the guided
transfer mechanism is utilized for some special purpose applications, e.g., lookup table or

where the required data are not consecutive.

3.3.6.1 2D block transfer

In this mode, the input data are transferred and processed in small blocks as shown in
Figure 3-15. To prevent the processor from waiting for the data as much as possible, the
DMA controller is programmed to manage the data movements concurrently with the
processor’s computation. This technique is illustrated in Figure 3-15 and is commonly
known as double buffering. Four buffers, two for input blocks (ping_in_buffer and
pong_in_buffer) and two for output blocks (ping_out_buffer and pong_out_buffer), are
allocated in the on-chip memory. While the core processor computes on a current image
block (e.g., block #2) from pong_in_buffer and stores the result in pong_out_buffer, the
DMA controller moves the previously-calculated output block (e.g., block #1) in
ping_out_buffer to the external memory and brings the next input block (e.g., block #3)
from the external memory into ping_in_buffer. When the computation and data
movements are both completed, the core processor and DMA controller switch buffers,
with the core processor starting to use the ping buffers and the DMA controller working

on the pong buffers.
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Figure 3-15. Double buffering with a programmable DMA controller.

3.3.6.2 Guided transfer

While 2D block-based transfers are useful when the memory access pattern is regular, it
is inefficient for accessing the non-sequential or randomly scattered data. The guided
transfer mode of the DMA controller can be used in this case to efficiently access the
external memory based on a list of memory address offsets from the base address, called
guide table. One example of this is shown in Figure 3-16. The guide table is either given
before the program starts (off-line) or generated in the earlier stage of processing. The
guided transfer is set up by specifying base address, data size, count, and guide table
pointer. data size is the number of bytes that will be accessed from each guide table

entry, and the guide table is pointed by guide table pointer.
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DMA specification External memory

Base address
Data size

Count Lease address 1 —>
Guide table pointer

Guide table

T Data address 0 #

Data address 1
Data address 2

Count

Figure 3-16. Guided transfer DMA controller.

3.4 Mediaprocessor selection

Features of several mediaprocessors are compared in Table 3-1. Features related to data
flow capability such as the availability for on-chip DMA, the SDRAM bus bandwidth
(SDRAM BW), the size of the on-chip data memory (Data RAM), and the number and
bandwidth of the glueless interprocessor (IP) ports are listed in this table. Regarding
computational ability, the maximum number of 8-bit additions per second (million
additions per second, Madds/s), the maximum number of 16x16 inner-product operations
(millions of multiply-accumulates per second, MMAC/s), and the maximum BOPS
ratings are also shown for various processors. The number of partitioned registers
available per processing cluster is listed, as a large number of registers are needed for
many applications to approach their ideal performance on a processor, particularly when
using techniques such as software pipelining, discussed in Section 3.3.2 The power
drawn by each chip is also a consideration, as several processors will be needed to

implement the system. Finally, the cost of a system will be influenced not only by the
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CPU price listed, but also by the support for glueless interprocessor connectivity and the

total number of processors required.

Table 3-1. Comparison of processors considered.

Processors Fujitsu Phillips Tl T Equator
FR500 TM1100 TMS320C62 TMS320C80 MAP1000

Architecture VLIW VLIW VLIW VLIW VLIW
Clock (MHZz) 266 133 200 60 200
Power (W) 2 6 10 6
Glueless IP none PCl Serial Links none dual PCI
connectivity 1x132 MB/s 2x3.1 MB/s 2x264 MB/s
DMA vs Cache Cache Cachin DMA DMA Both
SDRAM BW (MB/s) 400 532 332 480 800
Data RAM (kbytes) 16 16 64 36 16
Number of registers 128 128 16 8 32

er cluster 32-bit 32-bit 32-bit 32-bit 64-bit
Processing clusters 1 1 2 4 2
Partitioned 1064 1064 800 960 3200
Adds (Madds/s) 16-bit 8-bit 8-bit 8-bit 8-bit
16x16 Innerprod 1064 266 400 240 3200
MMAC/s)
Max BOPS* 4.25 2.3 2 2.8 6.4
CPU price ($)** $50-$100 $80 $25-180 $150 $40-150

*excluding special instructions for sum-of-absolute difference

**marketing estimates, subject to change

We decided to use the MAP1000 mediaprocessor for our ultrasound system as it
leads most of the categories in Table 3-1 in addition to the following reasons:

® Easier programming while maintaining high performance. For example, the C
implementation for morphology on the MAP1000 was only 1.7 times slower than
the ideal performance [50].

e The efficient implementation of several algorithms on the MAP1000 yielded
performance that are comparable to the performance on hardwired ASICS. For
example 3 x 3 2D convolution on the MAP1000 is faster than the LSI LOGIC’s
L64240 [50].
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e The MAP1000 has many instructions optimized for multimedia, imaging and 3D
graphics, which are suitable in the ultrasound applications as well.

* We have been a partner since 1994 with Hitachi Ltd. and Equator Technologies
in defining the MAP1000 architecture and have extensive experience in its

programming and applications.

3.5 Method to determine efficiency of algorithms

Programming in a high-level language like C is preferred for ease of programming and
maintenance. To determine whether the C compiler’s ability to handle software
pipelining and loop unrolling is good enough for a given algorithm or assembly
programming is required, we use the following methods. We first break down our
computation loop into the IALU and IFGALU operations required, thus determining
whether our algorithm is IALU-bound or IFGALU-bound. The maximum of the two
determines the minimum number of cycles (tcompue assuming the instruction latencies are
overcome by ideal software pipelining) required to compute the number of pixels in each
cluster. We also estimate the I/O time (1;,) required to move the input and output
images on and off chip assuming the ideal bandwidth on the SDRAM bus is achieved.
From these two numbers, we have an estimate as to if our algorithm is compute-bound
(i-€., leompue > o) OF I/O-bound (i.e., tito > teompue). After coding and simulations, we
evaluate C compiler’s performance compared to our ideal time (tcompure). Our rule-of-
thumb is that if an algorithm is compute-bound and more than 2 times slower in C
compared to ideal, then we implement the loop in assembly language. If an algorithm is
1/0-bound, it becomes a candidate for data flow sharing, as discussed in the next chapter.
In the next chapter, we discuss the implementation of several ultrasound
algorithms on the MAP1000. The performance obtained using these implementations and
the data flow study of several algorithms helped us to design a multiprocessor

architecture suitable for ultrasound system.
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Chapter 4: Ultrasound Algorithm Mapping

In this chapter, we discuss the implementation details of several key algorithms on the
MAP1000. These efficient algorithms have not only provided results that can be used to
more accurately estimate the number of processors required in the complete ultrasound
system, but also aided in understanding the data flow and architectural requirements

needed for designing the multi-mediaprocessor architecture.

4.1 2D convolution

Convolution plays a central role in echo processing, color flow processing and RF
downconversion. In convolution, each output pixel is computed to be a weighted average
of several neighboring input pixels. Generalized 2D convolution of an N x N input image

with an M x M convolution kemel is defined as

x+M =] y+M -1

bey)=< Y 3 [ Dh(x =iy = J) @1

i=x

where f is the input image, 4 is the input kemel, s is the scaling factor, and b is the
convolved image.

The generalized convolution has one division operation for normalizing the result
as shown in Eq. (4-1). To avoid this time-consuming division operation, we multiply the
reciprocal of the scaling factor with each kernel coefficient beforehand and then represent
each coefficient in 16-bit sQ15 fixed-point format (one sign bit followed by 15 fractional
bits). With this fixed-point representation of coefficients, right-shift operations can be
used instead of division. The right-shifted result is saturated to 0 or 255 for the 8-bit
output, i.e., if the right-shifted result is less than 0, it is set to zero; if it is greater than

255, then it is clipped to 255; otherwise it is left unchanged.



52

The generic code for the 2D convolution algorithm utilizing a typical VLIW
processor instruction set is shown below. It generates eight output pixels that are
horizontally consecutive. In this code, the assumptions are that the number of partitions is
eight (the data registers are 64 bits with eight 8-bit pixels), the kernel register size is 128
bits (eight 16-bit kemel coefficients) and the kernel width is less than or equal to eight.
align instructions are used to extract the unaligned data from two adjacent data words. If
the kemel width is greater than eight, then the kernel can be subdivided into several
sections and the inner loop is iterated multiple times, while accumulating the

multiplication results.

Jor (i = 0; i < kernel_height ; i++){
/* Load 8 pixels of input data x, through x; and kernel coefficients c, through ¢, */
image_data_xo_x; = *src_ptr; kernel_data_c,_c; = *kernel_ptr;
/* Compute inner-product for pixel 0 */
accumulate_0 += inner-product (image_data_x,_x;, kernel_data_c,_c;):
/* Extract data x, through xg from x, through x; and xg through x;s */
image_data_xs_x;s =*(src_ptr + 1);
image_data_x;_xs = align(image_data_xs_x,s : image_data_xo_x;, 1);
/* Compute the inner-product for pixel 1 */
accumulate_| += inner-product (image_data_x,; xs : kernel_data_c,_c;);
/* Extract data x; through x, from x, through x; and xg through x;s */
image_data_x;_x, = align(image_data_x;_x,; : image_data_x, x; 2);
/* Compute the inner-product for pixel 2 */
accumulate_2 += inner-product (image_data_x- x, : kernel_data_c,_c;);

accumulate_7 += inner-product (image_data_x; x;s : kernel_data_c,_c; ).

/* Update the source and kernel addresses */

src_ptr = src_ptr + image_width;

kernel_ptr = kernel_ptr + kernel width;
}/*endfori ¥
/* Compress eight 32-bit values to eight 16-bit values with right-shift operation */
result64_ps16_0 = compress|(accumulator 0 : accumulator_1 , scale);
result64_ps16_I = compress|(accumulator 2 : accumulator_3, scale);
result64_ps16_2 = compressi(accumulator_4 : accumulator_5 , scale);
result64_ps16_3 = compressl(accumulator_6 : accumulator_7, scale);
/* Compress eight 16-bit values to eight 8-bit values. Saturate each individual value to 0
or 255 and store them in two consecutive 32-bit registers */
result32_pu8_0 = compress2(result64_psi6_0 : result64 _psl6_1, zero);\
result32_pu8_| = compress2(result64_psI6_2 : result64 _psl6_3, zero);
/* Store 8 pixels present in two consecutive 32-bit registers and update the destination
address */
*dst_ptr++ = result32_pu8 0_and_|I;




53

The MAP1000 has an advanced inner-product instruction, as shown in F igure
4-1. It can multiply eight 16-bit kernel coefficients (of PLC) by eight 8-bit or 16-bit input
pixels (of PLV) and accumulate the multiplication results into a specified 32-bit
destination register. This instruction can also shift a new pixel into a 128-bit PLV
register. Xo through x,; represent sequential input pixels while ¢, through c; represent
kemnel coefficients. After performing an inner-product operation shown in F igure 4-1, x;¢
is shifted into the leftmost position of the 128-bit register (PLV) while x, is shifted out.
The next time this instruction is executed, the inner-product will be performed between x;
~ Xg and co ~ ¢7. This new pixel shifting-in capability eliminates the need of multiple
align instructions used in the code above. An instruction called setplc. 128 sets the 128-bit
PLC register with kemel coefficients. The MAP1000 also has compress instructions
similar to the ones shown in Figure 3-4 that can be utilized for computing the convolution

output.

X3 | X2 | X1 | Xoo | Xyg [ Xa | X4z | Xig | -

New pixel right shifted in

0| X% [ X | % | XXX {X%]X%]x]|X

128-bit PLV register
for input pixels >

(e [elaleloleala]
® R W W W W W

for kernel coefficients

32-bit destination =7
register Za,c,

Figure 4-1. Advanced inner-product instruction.
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The 2D convolution execution times on a 512 x 512 image with different-size
kernels on the 200-MHz MAP1000 are plotted in Figure 4-2. The convolution time does
not increase quadratically (O(M°)) as the kernel size increases because of the availability
of inner-product. Instead, it increases linearly since it only has to process more rows with
the increasing kernel height until the kernel width reaches 8 (the number of pixels that
can be processed in one inner-product instruction). When the kernel width exceeds 8,
there is a jump in the convolution time as shown in Figure 4-2. Another jump occurs
when the kemnel width crosses 16. This performance is much faster than the previously-
reported software-based convolution and is comparable with the hardwired

implementations [52].
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Figure 4-2. MAP1000 convolution time vs. kemel size on a 512 x 512 x 8-bit image.

There are several methods to further reduce the amount of computation in
implementing convolution. Separable kemnels are normally used in the ultrasound
machine for filtering the data axially and laterally. Thus while using separable kernels,
2D convolution could be implemented by applying two consecutive 1D kernels (x-
directional convolution on the original image followed by y-directional convolution on
the x-directional convolved image), thus reducing the number of multiplications
substantially [53]. In order to utilize the powerful inner-product instruction, the

intermediate image after x-directional convolution needs to be transposed (row-column
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transformation) so that another x-directional convolution (instead of y-directional
convolution) can be performed. Then, one more transposition is performed before storing
the final result. The performance of separable convolution along with generalized
convolution on the MAPI000 is shown in Figure 4-3. Separable convolution is
advantageous only for kemel sizes 9 x 9 and above. Thus for separable filters in the echo
processor, it is advantageous to use 2D convolution while in RF downconverter separable

convolution is useful where the kernel size can go up to 17 x 17.
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Figure 4-3. Generalized vs. separable convolution on the MAP1000.

Other techniques to reduce the computation include optimization for the specific
convolution kemel type, such as the kemels shown in Figure 4-4. If all the kernel
elements have a value of 1 (i.e., boxcar kemel, Figure 4-4(a)), then the moving average
method can be used to perform convolution [54]. On the MAP1000, we found that due to
the availability of inner-product, the moving average method and separable convolution
method have similar performance. For convolution with the 3 x 3 kernels in Figure 4-4(b)
and Figure 4-4(c), we were able to improve the performance by 29% over generalized
convolution by eliminating load and multiply/accumulate operations for one entire row of

the kemnel since they are all zeros. Thus, in general it is possible to improve the
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convolution performance for a specific kemel by analyzing the kemel, eliminating loads,

skipping other operations or using the kemel's separability property.

1111 Al 1] A2

1 1 1 0 o o o 0 o

1 1 1 1 1 1 1 2 1
(a) (b) (c)

Figure 4-4. Examples of specific convolution kernels.

4.2 Median filter

One of the problems with the averaging filter is that it blurs edges and other sharp details.
An alternative is to use a median filter. In echo processing, it is utilized to remove
speckles while in color flow processor it is utilized to fill black holes. The echo processor
uses a conventional median filter while the color flow processor uses an angular median

Sfilter.

4.2.1 Conventional median filter

Conventional median filtering uses a sorting algorithm to obtain the median value in a
given window. There are several sorting algorithms with different efficiency, e.g., the
quick sort is a very efficient algorithm. However, most fast sorting algorithms are not
suited for small-size windows. To obtain the median value in a 3 x 3 window, the
conventional method is to sort the 9 values completely. The procedure is to add each
value into a ranked sequence one by one. When the ith value is added to the ranked
sequence, up to i-/ comparisons and / data movements are needed. Therefore, the
maximum number of total comparisons is 8 * (8+1) / 2 = 36 and the maximum number of
total data movements is 9 * (9+1) / 2 = 45. Since only the median value is necessary and

exact sort sequence is not important, some of the comparisons and data movements can
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be omitted. Assume we have sorted S pixels. After adding the sixth value to the ranked
sequence, only 4 of the 6 values have a chance to be the median value. Thus, when the
seventh value is added to the ranked sequence of four candidate values, less comparisons
and data movements are needed. This method requires a total of 24 comparisons and 25
data movements at most compared to 36 comparisons and 45 data movements needed by
the conventional method.

The MAPI1000 has max_pu8 and min_pu8 instructions that can be utilized
efficiently to perform median filtering. Using these partitioned instructions, eight output
pixels can be computed simultaneously by comparing 8 pairs of 8-bit pixels. An example
3-tap median filter without the branching overhead of a sorting algorithm utilizing these

instructions is shown in Figure 4-5.

/*ro<rl %

r0 = min_pu8 (R(x), R(x + 1));
/*r0=8877603333474733% Rex - 1)
rl = max_pu8 (R(x), R(x + 1)); v v

/%rl =90 90 77 60 55 55 66 66 */ [10]ss8[s0[77[e0]33 55 47 es]33]
/*r0<rl <r2% . T Rix) + T
r2 = max_pu8 (R(x-1), r0); &+ 0

/*r2 =88889077 6047 5533 %

rl =min_pu8 (r2, rl);

/*median : rl =88 88 77 6055 47 55 33 */

Figure 4-5. A 3-tap median filter.

The non-aligned data, i.e., R(x - 1) and R(x + 1), are extracted using align instructions
from adjacent data words. In our implementation, we extend the above 3-tap filter to a
full 3 x 3 median filter. The performance of a 3 x 3 median filteron a 512 x 512 image is

5.85 ms.

4.2.2 Circular median filter

Conventional sorting algorithms on the phase data give incorrect results when the values
of flow signals are near aliasing (+ &), due to phase wrapping as shown in Figure 4-6. For

example, when median filtering with a 3 x 3 data set that contains 5 negative phases (v, to
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vs) close to aliasing (-x) and 4 other phases (vs to o) that have aliased across -nt
becoming positive phases, the least negative phase (v;) will be incorrectly selected as the
median instead of the largest negative phase (vs). A technique to avoid this artifact is to
utilize an angular median filter [55], which would select vs as the median value. The
angular median can be described as the vector (¢), which minimizes the circular mean

deviation d:

N
d= Za" Cshort ($i>9) (4-2)

i=1
Eq. (4-2) implies the sum of shortest arc distance of each vector needs to be computed
with respect to other vectors, and the vector with the minimum arc distance needs to be

picked as the median vector. One method to compute shortest arc distance is:
arcspor(9; —P)=n -|7r -|¢i '¢i+l" (4-3)
This computation can be greatly reduced using fixed-point arithmetic:

ArCshort =| & —div1 I

and taking advantage of the ability of 2’s complement arithmetic to overflow (or wrap
around) the number range. This assumes that our measurements for the ¢ data are scaled
to the full dynamic range of our signed 2’s complement number (e.g., with 8-bit data,
maximum red 7 = 0111 1111 and maximum blue —x = 1000 0000). Then, if we compute
the signed subtraction of two vectors, ¢ — @., ignoring the overflow flag and use the 8-
bit result, we are guaranteed to have the shortest arc distance between the two vectors.
This method produces a signed result where the sign bit indicates the relative direction of

the arc distance.



Figure 4-6. Angular vectors.

The shortest arc distance between two vectors on the MAP1000 can be computed
by using two instructions: partitioned_subtract (to subtract 8 8-bit input pixels) followed
by partitioned_abs (to obtain absolute of difference). Accumulation of the arc distance
can be performed in 16 bits using partitioned_add (for 16-bit accumulation, the 8-bit
result obtained after subtraction needs to be expanded to 16 bits using expand). The
accumulation needs to be computed for all 9 pixels. After computing the total arc
distance for each vector that has the minimum circular mean deviation can be selected
using the bit_select instruction discussed in Chapter 3. For computing eight output pixels,
the angular median filter requires 312 IFGALU instructions (36 partitioned_subtract, 36
partitioned_abs, 72 expand, 144 partitioned_add, 8 min, 8 cle, 8 bit_select) per cluster.

However, for computing the next output pixel, the number of instructions can be
reduced by utilizing distances and the circular mean deviation d computed for the
previous output pixel. For computing the output for the 3 x 3 neighborhood of x;
(previous neighborhood being centered around x,), there is only one new incoming
column (xg, x;2, x;5). Thus, we can subtract the contributions (distances) of the outgoing
column (xo, x3, x5) towards the mean deviation d and add the contributions of the
incoming column (distances between the incoming column (xy, x,2, x;5) and the existing
columns (x;, x2, x¢) and (x5, x7, x3)) for obtaining the new mean deviation d,,. This

method eliminates the need to recompute the distances between existing six pixels (x,, x;,
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X4, Xs, X7, Xg). The number of partitioned_add instructions is reduced from 144 to 72, but
it introduces 36 extra partitioned_subtracts (required to subtract the distances of the
outgoing column). The number of distances (partitioned_subtract) is reduced from 36 to
21, the number of partitioned_abs reduced from 36 to 21, and the number of expand
reduced from 72 to 42. Utilizing this technique, we can compute eight new output pixels
in 216 IFGALU instructions instead of 312 IFGALU instructions per cluster. The
performance of the 3 x 3 circular median filter on the MAP1000 on a 512 x 512 8-bit

image is 32 ms.

4.3 Estimation of phase and magnitude

The phase is estimated by performing arctangent on N/D (¢ = arctan(N/D)) and

magnitude is computed by performing a square root on the sum of squares of N and D (R

=V~ ip? )- Many algorithms have been developed to compute these mathematical
functions, of which the CORDIC algorithm and the table-lookup algorithm are
prominent. Although the CORDIC algorithm is widely used in hardwired approaches
because of simple computations of additions, subtractions and shifts, and the smali
memory requirement, it is usually not implemented on programmable processors because
of the high computational requirement. However, on the MAP1000, where multiple
operations for multiple data sets can be executed in each instruction, it is possible for the
CORDIC algorithm to obtain good performance. We evaluated the computation of phase
and magnitude with both CORDIC and lookup table approach.

4.3.1 CORDIC algorithm

The CORDIC algorithm was first presented by Volder [56] in 1959. An example
CORDIC algorithm to compute square root and arctangent is shown in Pseudo code pl,
where approximately 1 bit of precision is generated for each iteration of i. If the initial
values are x = D, y = N, and a = 0, then after n iterations, x will be (17R)N? + DY)
represented in n bits, and a will be arctan(N/D) represented in n bits. The scale factor & is
equal to 0.60725293.
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Pseudo code p1:

JorifromOton-1do { _

da = arctan(2’');

dx =x>>i;

dy =y>>i;
ifty=20s=1elses =i
x=x+sdy;

y=y-— sdx;
a=a+sda;

The arctan(Z*) is computed with a small lookup table with » entries. Since the
CORDIC algorithm only involves additions, subtractions and shifts, it can be easily
implemented in hardware [57 - 60]. To generate 1 bit of square root and arctangent, the
CORDIC algorithm takes 10 operations (1 load, 2 shifts, 1 comparison, 3 conditional
negates, 3 add/subtracts). Thus for an 8-bit precision, 80 operations are required to
compute both the square root and arctangent. However, the CORDIC algorithm can be
implemented efficiently on the MAP1000 utilizing partitioned operations.

The partition CORDIC algorithm utilizing the powerful instructions of the
MAP1000 is shown in Pseudo code p2. In this pseudo code, the data register is 64 bits,
the input data are 8 bits, and the number of partitions is eight.

Pseudo code p2:

/* Load eight 8-bit N and eight 8-bit D data */
N = *src_u_ptr; D = *src_v_prr;
/* Take the absolute values of u and v */
x =dif_pu8 ps8(N, 0); y = dif _pu8 ps8(D, 0);
/* Initialize a to zero */
a=0;
/* lterate the loop for n bits of precision */
Jorifrom 010 n-1do {
/® Right shift x and y by i bits */
dx = rs_ps8(x, i),
dy =rs_ps8(y, i);
/* Load da data */
da = arctan_LUT{i);
/* Get the sign of y. and generate a mask */
sign_y = cge_ps8(y. 0);
/* Perform both additions and subtractions */
x; = add_ps8(x, dy):
y: =sub_ps8(y, dx);
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a; = add_ps8(a, da);
x> =sub_ps8(x, dy);
Y2 =add_ps8(y, dx);
a: = sub_ps8(a, da);
/* Select the result based on the sign of y (mask) */
x = bit_select(sign_y, x,, x)
y = bit_select(sign_y. y,, y+)
a = bit_select(sign_y, a,, a-)
/

To avoid the expensive branch computation, here we perform both additions and

subtractions, and use the mask generated by comparing y to zero (cge_ps8) to select

(bit_select) one of those two results.
This partition CORDIC algorithm is valid only when both input N and D are

positive. Therefore, we take the absolute values of N and D (dif_pu8_ps8), before they
enter the loop. After the CORDIC computation, the quadrant of the phase (arctangent) is
determined by checking the signs of N and D using Pseudo code p3.

Pseudo code p3:

/* Compute - a %/

a; =sub_ps8(x a);

/* Get the sign of u %/

sign_u = cge_ps8(u, 0);

/* Select a or a; based on the sign of u */ [/* “C" pseudo code explaining
a> = bit_select(sign_u, a. a;): the quadrant determination */
/* Compute 0 - a-» */ a =r-a;

a; = sub_ps8(0, a-); if(u20) a» = aelse a: = a;:
/* Get the sign of v %/ a; = -as

sign_v = cge_ps8(v, 0); if(v20) a_out = a: else a_out = ay;]
/* Select a;or a; based on the sign of v */

a_out = bit_select(sign_v, a, ay);

/* Store the output magnitude and phase */

*dst_mag_ptr = x; *dst_phase_ptr = a_out;

The Pseudo code p2 and the Pseudo code p3 of the partition CORDIC algorithm are
for 8-bit data. For 16-bit data, the MAP1000 has another set of instructions with 16-bit

partitions.
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4.3.2 Lookup table

In the table-lookup algorithm, values of the mathematical function (fx)) are precomputed
and stored in a lookup table (LUT). The argument x is an index to the LUT. Since the
LUT is precomputed, it can be fixed to the desired level of precision, i.e., the number of
bits in each LUT entry.

To perform square root ((Nz + Dz)//z) and arctangent (arctan(N/D)) using the
table-lookup algorithm, one method is to concatenate the two arguments N and D to form
a single index into the LUT. This method requires a large LUT, e.g., for 12-bit N and 12-
bit D, an arctangent LUT with 16 bits per entry requires 32 Mbytes of memory. Since the
on-chip memory is relatively small, the large LUT has to reside in the slow off-chip
memory, which causes a large performance penalty. To avoid a large LUT, a hybrid
table-lookup algorithm can be used, in which the square root is computed in the floating-
point unit and arctangent is performed by table lookup.

In this hybrid table-lookup algorithm, the partitioned floating-point square root
instruction can be used to compute square root (N’ + D?)'?). Since the arctangent LUT
has a disadvantage of an infinite index (tan(7/2) = ), which means a poor accuracy for a
LUT, we perform D/(N° + D) (we already have the value of (W + D?)"?), which is
always less than or equal to one, and then use an arccosine LUT to get the phase. Only a
LUT for one quadrant is nessesary, since the values for the other quadrants can be
determined by using Pseudo code p3.

On the MAP1000, the LUT operation can be handled either by the data cache or
by the on-chip programmable DMA controller. In the data cache mechanism, if the
needed data do not reside in the cache, a cache miss occurs, incurring the overhead from
fetching the data to cache. Since the data cache is optimized for sequential memory
access, if the addresses of the input data are not sequential, which is typical, the data
cache-based method will cause a large number of cache misses. In addition, as the LUT
size is increased compared to the limited data cache size, the probability of data cache
misses further increases. The MAP1000 DMA controller’s guided transfer, discussed in

Chapter 3, can also be used to perform table-lookup operations. The core processor
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performs the magnitude and (D/VN?+D?) computation while the DMA controller
implements the arccosine LUT using (D/VN? +D?) as an index. This method still has

the overhead of the SDRAM row access penalties, but minimizes the penalty of the cache
misses. Similar technique is used in the echo processor while implementing the log LUT

on the magnitude computed /7 +o* data [61].

4.3.3 Performance comparison between CORDIC and lookup table

The performance on 512 x 512 8-bit random input data is plotted in Figure 4-7. The data
choosen are random so that the performance obtained with LUT represents the worst case
scenario. For the CORDIC algorithm, to get the output data of n-bit precision, n iterations
are needed. Thus when the precision of the output data increases from 5 bits to 8 bits, or
from 9 bits to 16 bits, the execution time increases approximately linearly. The large
Jump in the execution time when the input data size (bits) increases beyond 8 is mainly
due to the change in the number of partitions in a register. As shown in Figure 4-7, when
the precision of the output data is less than 11 bits, the partition CORDIC algorithm offer
better performance than the table-lookup algorithms.
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Figure 4-7. Comparison in performance between the partition CORDIC
algorithm and the table lookup algorithms.

For the cache-based table-lookup algorithm, the LUT size increases with the
increase in the output precision, incurring more data cache misses due to the limited data
cache size. Thus the execution time increases when the output precision increases. For
the guided transfer-based table-lookup algorithm, data in the LUT are loaded individually
from off-chip memory by the DMA controller whether they are already in the on-chip
data cache or not. Thus there is no significant change in the performance when the
precision (or LUT size) increases. However, with the increase in the precision, the
execution time increases slightly due to the overhead from the increased SDRAM row
misses. The jump in the execution time when the input data size increases beyond 8 is
mainly due to the change in the number of partitions in a register for computing square
root. As shown in Figure 4-7, when the precision of the output data is larger than 12 bits,
the guided transfer-based table-lookup algorithm can perform better than the cache-based
table-lookup algorithm. Thus, depending upon the precsion, size of LUT and
performance requirement, any one of these three methods can be selected to perform

arctangent and square root.
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4.4 Wall filter

The typical wall filtering techniques to remove clutter signals include a finite impulse
response filter (FIR), an infinite impulse response filter (IIR) and an autoregressive filter.
In the following section, we will discuss the implementation of each of these techniques
on the MAP1000.

Since the ensemble size (E) varies from 4 to 16, it is not always guaranteed that
the adjacent vectors in the input data are aligned on the 64-bit boundary. For example,
when E is equal to 4, 8 or 16, then adjacent vectors are aligned. When E = 6, every
second vector is aligned, and when E = 7, every fourth vector is aligned. Thus, the
alignment location depends upon the ensemble size. This unaligned data accesses and
arbitrary alignments introduce an overhead in computation as well as complexity in
implementation. Thus, careful handling of these unaligned data accesses is essential in
implementing an algorithm that has E as the input parameter, e.g., autocorrelation, wall
filter, clutter_shift, etc. One simple and effective solution is to preprocess the data and
insert dummy ensembles so that adjacent vectors get aligned on the 64-bit boundary. For
example, when £ = 6, insert two dummy ensembles, when £ = 7 insert 1 dummy

ensemble, and when E =9 insert 3 dummy ensembles.

4.4.1 FIR wall filter

For an FIR filter to achieve the desired level of rejection, the number of taps should be
large, and the cutoff frequency may be required to be higher than the desired cutoff to
more completely remove the clutter from the signal. However, this has an adverse effect
of removing some of the Doppler signal. An FIR filter with m taps is described by the

following equation:

m-1

Vo= 8%, (4-4)
i=0

where a; is the ith filter coefficient, x represents an input signal and y is the filtered output
signal. The FIR tap size normally used for a wall filter ranges from 3 to 5. One of the

disadvantages of using an FIR filter is a reduction of the number of data samples at their



67

output. This means that after the application of an FIR filter, there are even fewer
samples left in the ensemble available from which to estimate the Doppler frequency,
€.g., if E =12 and m = 5, then the number of samples left over after the FIR-based wall
filter would be only 8 (12 -5+ 1).

The inner-product instruction utilized for convolution can be used for the FIR-
based wall filter. Since the tap size is always less than eight, every execution of this
instruction yields one wall-filtered output. We keep executing the instruction throughout
the image by right shifting in a new pixel. Invalid pixels are generated when all the filter
taps do not lie within a single vector, i.e., when some filter coefficients are multiplying
with the data belonging to the previous vector and the other filter coefficients are
multiplying with the data belonging to the current vector. The Data Streamer is
programmed to discard these invalid pixels while storing the filtered data to the memory.
Thus, we do not have to consider the vector or ensemble boundaries. We implemented
this method on the MAP1000 and obtained a performance of 16.3 ms for a 256 x 512

image when the ensemble size is 6.

4.4.2 IIR wall filter

[IR filters are recursive filters whose response to an impulse input is infinite in time. The
output at a given instant is a linear combination of previous input and output values. [IR
filters improve the rejection of the unwanted clutter and allow for a narrower transition
band between the rejected and unaffected velocities. An mth-order IIR filter is described

by the equation:

yn = ibi—lyn—i + pz_laixn-—i (4.5)
i=] i=0

where y is the filtered output signal, a and b are the filter coefficients, x is the input
signal, and p is the number of taps on the input signal. The order of the IIR-based wall
filter is normally 2 (m = 2, p = 3).

Implementing an IIR filter efficiently is a challenge due to the dependency of the

current output on the previous output. Even though we can implement Eq. (4-6) using
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inner-product, the new output has to wait until all the latency cycles are satisfied for the
previous output, i.e,, 6 on the MAP-CA, which limits software pipelining. The next
challenge is, while utilizing inner-product, y and x need to be in the same 64-bit register,
Le., y and x need to be interleaved. Thus, additional instructions, such as extract and shift
type of operations, are necessary to combine x and previously-computed y before the
inner-product instruction can be utilized to compute the new output pixel. In addition, the
powerful auto-shift property cannot be used since two new pixels (xnew and Yprevious) Need
to be shifted in from two different sources. To overcome these difficulties, we have
reordered the IIR filter computation in Eq. (4-6) so that only input pixels are utilized to
compute the new output pixels independent of the previous output pixels. Our reordering
is better illustrated with an example as shown below for the IIR order of 1, the FIR order
of 2 and the ensemble size of 6:

Yo = boy.; + aix.; + apxy

Y1 =boyo + arxo + apx; = bo(bgy.; + aix.; + agxg) + aixo + apx;

= bo’y.; + boasx.; + boagxo + apxo + agk; = bg’y.; + boasx.; + Axp + aox;

y2= boy; + a;x; + ap2= by’ y.; + b’ aix.; + bedxy + Ax; + apx;

y3= boy: + aix; + apxs = by’ y.; + by’ ax.; + by’Axg + bedx; + Axs + aox;

Ye= boys + a;xs+ agy= by’ y.; + bp' ajx.; + b’ Axg + bgPAx; + bodxs + Ax; + agxy

Y5 = bo®y.1 + bo’ apx.; + by'Axg + bg’Ax; + bg*Ax; + Abgx; + Ax, + apxs
where x.; and y.; are the initial conditions of input and output signals controlling the
transient response of the IR filter. One simple approach is the step initialization where
all initial parameters are set to zero.

The above IIR filter expansions have the following features, which can be utilized
for efficient implementation:

(1) There is no interdependency between two consecutive outputs and all the outputs
depend upon the input signal values and initial conditions. Thus, software
pipelining can be easily performed and extra instructions, such as extract and shift

type of operations, are not necessary.
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(2) As we progress in computation of y (e.g., ¥, ¥2, 3, y¢ and ¥s), Xo gets multiplied
with the new coefficient while the rest of input signal value (e.g., x;, x3, x3, x¢ and
xs) gets multiplied with the preceding coefficients. For example, while computing
Y2, Xo gets multiplied with bod, x; gets multiplied with 4, x; gets multiplied with
ao, and while computing y;3, x, gets multiplied with the new coefficient b,°4 while
x; gets muitiplied with b4 (which was previously the coefficient for Xg), X2 gets
multiplied with 4 (which was previously the coefficient for x;) and x; gets
multiplied with ap (which was previously the coefficient for x;). Thus, the auto-
shift property of inner-product-add can be efficiently utilized. In contrast to the
FIR implementation where PLC has the FIR coefficients and PLV has the input
pixels, PLC has the input pixels and PLV has the kemel coefficients for this IIR

implementation.

(3) y.; and x_; also get multiplied with the new coefficient for each output pixel. By
pre-computing these two terms and setting this register as the destination register
while performing inner-product-add, we can efficiently compute the IR wall

filter.

Utilizing this method, we implemented IIR on the MAP1000 and obtained a performance

of 38.1 ms for a 256 x 512 image when the ensemble size is 6.

4.4.3 Autoregressive filter

Regression wall filters treat their inputs as polynomial functions in time domain and
operatc on the assumption that the slowly-varying clutter component can be
approximated by a polynomial of a given order. Once approximated, this component can
then be subtracted from the original signal so that the contribution from the blood flow

can be retrieved and analyzed. Mathematically, it can be described by
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Yk =x(k) - ak? k=12, .. E (4-6)

where x and y are input and output signals at ensemble &, ay is a set of regression model
coefficients, D is the regression order, and £ is the ensemble size. To perform the least-
squares analysis, Kadi and Loupas [28] suggested the use of an £ x D Vandermonde

matrix,

2o @
g g o

to generate the coefficients for the clutter approximating polynomial, a;. The clutter
approximating polynomial is simply VMX, where M is a D x E matrix given by
M = (VTV)-IVT (4-8)

and X is the input ensemble E x / vector. Then the filtered data are given by,
Y=X-VMX (4-9)

Since the ensemble size and order D is known beforehand, VM can be pre-computed and
stored in a lookup table to reduce the computations significantly. So, the wall filter
computation is reduced to a matrix multiplication.

The MAP1000’s partitioned inner-product instruction that performs eight 16-bit
multiplications and accumulation in a single instruction is very useful. When E = 16, two
inner-products can be utilized to compute one wall filter output pixel. We implemented
autoregresssion efficiently on the MAP1000 using inner-product instructions. Our
implementation of an autoregression wall filter on the MAP1000 takes 20.7 ms for a 256

x 512 image when E = 6.
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The performance listed for FIR and IIR was obtained after implementing the
algorithms in C with intrinsics. However, we implemented autoregression algorithm in
assembly since it is more effective in removing clutter signals compared to other filters
[28] and the optimum performance was needed in minimizing the number of processors

required to implement the system.

4.5 First lag of autocorrelation and clutter_shift

The computation of the first lag of autocorrelation requires complex multiplications
between the n-element ensemble and the shifted version of itself. There are three main
steps in computing autocorrelation; (1) obtain the shifted version of itself; (2) obtain the
complex conjugate of the shifted version; and (3) perform complex multiplications
between the original signal and the shifted version (complex conjugate) for the ensemble
length as shown in Egs. (2-6) and (2-7).

The MAP1000 has a complex_multiply instruction, shown in Figure 3-5, which
can perform multiplications and additions for 2 sets of complex numbers in a single
instruction. This instruction is very useful in computing the third step. However, [ and Q
data need to be interleaved with each other to utilize this instruction. shuffle can perform
the interleave operation. The shifted version of itself is obtained by using a simple
move. 32 instruction from the interleaved IQ data since the interleaved IQ data are 32-bit
aligned and move.32 operates on 32-bit operands. The complex conjugate is obtained by
multiplying Q data with —1 using mpy.ps/6 that can perform four 16-bit partitioned
multiplications in a single instruction. autocorrelation also has the unaligned data access
problem similar to the wall filter. Thus, the data can be pre-formatted so that vectors are
always 64-bit aligned. We implemented autocorrelation utilizing these instructions and
obtained a performance of 11.0 ms for a 256 x 512 x 6 image. The compute time is only
5.7 ms while the time required to bring the data on-chip and write the result off-chip is
8.4 ms. Thus, it is an I/O-bound function.

The computation of clutter shift utilized to shift the clutter is similar to that of

autocorrelation and requires a complex multiplication:
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(1(k) + jO(k))(cos @ k + jsinw k) (4-10)

shuffle can be utilized to interleave I and Q here as well. cosine and sine functions can be
precomputed and stored in a LUT. clutter_shift on the MAP1000 for a 256 x 512 x 6
image takes 16.5 ms. The compute time is 5.5 ms while VO time is 15.6 ms. Thus

clutter_shift is also an /O-bound function.

4.6 Scan conversion, frame interpolation and tissue flow decision

Scan conversion transforms the acquired polar coordinate data to the geometry and scale
of the sector scan on the Cartesian raster output image. The key tasks for scan
conversion are (1) to calculate the address of the input data Vipr) (i-e., a polar
conversion, requiring ¢ =arctan(y/x) and r =m ) and the interpolation
coefficient weights for each output pixel P(x, y); (2) to fetch the neighboring input data
values for a 4 x 2 interpolation; and (3) to compute the 4 x 2 interpolation. For step (1) a
pre-computed lookup table can be used since the geometry is known beforehand and for
step (3) inner-product can be utilized. The main bottleneck in scan conversion is step
(2), i.e., fetching the input data. With the input address lookup table, there are three
approaches in accessing the input pixel groups: cache-based, DMA-based guided transfer,
and DMA-based 2D block transfer. In the cache-based implementation, the core
processor directly loads the input data, while in the DMA-based guided transfer the DMA
controller directly brings the 4 x 2 group of input pixels for each output pixel. In the
DMA-based 2D block transfer, a large 2D block of input data corresponding to a 2D
block of output pixels is brought on-chip. We experimented with these three methods,
finding that they took 49.6, 37.1 and 23.8 ms, respectively, for the computation of an 800
X 600 output image with an input image of 512 x 1024 [61]. Frame interpolation utilizes
the subword parallelism of the MAP1000, using the partitioned multiply, add, and
subtract instructions. The tissue/flow algorithm above is a classic iffthen/else algorithm,
which is remapped using techniques discussed in Section 3.3.4 Scan conversion, frame

interpolation and tissue flow decisions are discussed in detail by York [61].
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4.7 Miscellaneous functions

Other miscellaneous functions include persistence and croner_turn (transpose). For an
efficient corner_turn, both the DMA controller and core processor are used. The DMA
brings in 2D data blocks similar to Figure 3-15 and then outputs the 2D blocks in
transposed order. Meanwhile, the core processor uses special partitioned operations, e.g.,
shuffle and combine, to transpose the 2D block as shown in Figure 3-3. persistence
requires multiply-add type of operations, which can be implemented efficiently using the
inner-product instructions. Both croner_turn and persistence are I/O bound functions. For
a 256 x 512 x 6 input image (for both / and Q image) corner_turn takes 29.2 ms of which
only 4.7 ms is compute time and for a 512 x 1024 image persistence takes 12.9 ms of
which only 5.9 ms is compute time.

By efficiently mapping the algorithms, we were able to reduce the processing
requirements significantly. In the next chapter, we summarize the performance of each
algorithm, present multiprocessor architectures and finally show our multiprocessor

simulation results.
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Chapter 5: Multiprocessor Architecture for Color Flow System

In this chapter first we present the overall single processor simulation results. Based on
these results, we present our multi-mediaprocessor architecture for ultrasound processing.
This chapter concludes with the results of our B-mode and color-mode simulations on
this architecture, demonstrating that an ultrasound machine with programmable

mediaprocessors is feasible.

5.1 Single processor simulation results

Many of the algorithms discussed in Chapter 4 are I/O-bound i.e., the time required to
bring the data on-chip and store the processed data off-chip (7;,) is more than the
computation time lcompure- If €ach algorithm is implemented individually, requiring the

data to be moved between on and off chip for each algorithm, then the total estimated

time is r,,,,a;=Znux(tw...pm, iro) (where j stands for each algorithm). Thus, if the
J

algorithms are implemented individually the total time required to implement all the
algorithms would be 331.27 ms. However, by combining the tight-loops of several VO-
bound functions and sharing the data, it is possible to reduce the total time required.
While sharing the data, once a block of data is brought on-chip for the first
routine, it is continually processed by the subsequent routines as much as possible before

storing the results off-chip. The total time using data sharing would then be

Lot = max((z Lcompute, V> Liso-sharea ) - AULOCOTTElAtioN (L5 IS 8.4 MS and feompure is 5.7 ms),
j

clutter-shift (ti is 14.6 ms and teompue is 4.3 ms), corner-turn (t, is 14.4 ms and Leompute 1S
4.72 ms) are several examples of I/O-bound functions. Thus by combining these
algonithms efficiently with other algorithms to share the /O, it is possible to reduce the

total time. A flow graph of combining autocorrelation, clutter-shift and corner-turn
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algorithms with the computation of arcrangent, wall filter and clutter-filter algorithms is
shown in Figure 5-1. A combinel&(Q function interleaves I and Q data required for the
autocorrelation. Once I and Q are interleaved, autocorrelation tight loop can be executed
on the IQ and IQ" data which are already present in the cache. autocorrelation generates
separate N and D image data, which are processed using 1D FIR filters to remove noise. I
and Q data which were utilized by combine_I&Q function, and phase generated by
frequency estimators will be utilized by clutter-shift function to shift the clutter so that it
gets centered around zero frequency. This interleaved IQ data is again de-interleaved into
I'and Q to facilitate wall filter. The autocorrelation function can then again process the

filtered I and Q to generate N and D.

- o
- -
- -

- -———— -
- P 2 ,—— -~
- - - -

- - - -~ -~ ~ I
l 4 s Ld 4
> —~———> Combine land Q |——P
Q transpose / wall filter into autocorrelation
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arctangent
Separate IQ —
into — | cuttershitt Clutter-fiter
12Q ¢

Figure 5-1. Sharing of I/O between different algorithms in CF part 1.

This whole process is performed using in place replacement (multiple usage of
cache memory by different algorithms) of cache thus utilizing the limited on-chip
memory efficiently. Similarly, algorithms in CF part 2 and EP are combined to make
several I/O-bounds functions into compute-bound functions. Table 5-1 lists the
performance of all algorithms after sharing the data flow. The total performance now

reduces to 229.4 ms thus saving 35% of computation time.
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Table 5-1. Performance of combined algorithms

Processing Algorithms £ Performance
modules (time in ms) Code tcompuse Total
Color flow part1 Comer_tum (transpose) C 4.72 5.31
256 x512x 6 Autocorrelation (o] 12.74 15.26
N&D and 18Q C 5.26 6.96)
and R, 5-bit CORDIC [] 4.53 5.62
Clutter_shift C 5.51 8.76
Asm 2.00| 3.24
Asm 18.85 20.65
78.43
Color flow part2 ASM 3.53 448
256 x 512 and R, 8-bit CORDIC C 5.32] 5.95
haole filter C 0.45 0.65
[Median filter (3x3) Cc 7.42 7.95
Persistence (] 2.66 5.67'
Total 28.91
Echo processor  |Magnitude and log compress Cc 16.40 34.40
512 x 1024 2D FIR Asm 10.3| 124
Black hole fill [} 5.1
Comer_tumn (] 1.7
Persistence “C_ 6.5
Total —
SC,Fl and TFD SC Color-mode C 24.2
800 x 600 SC B-mode Cc 12.90
Fland TFD C 29

Total
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3.2 Overall results of ultrasound algorithm mapping

The results of mapping and simulating the various ultrasound algorithm stages (echo
processing, EP; color flow, CF; scan conversion, SC; frame interpolation, FI and

tissue/flow decision, TFD) for all the specified scenarios from Chapter 2 are shown in

Table 5-2. Estimated number of MAP1000 processors needed
for various scenarios.

C B #C #B sector| Number of Map1000s

Model k] fps | fps | vectors|vectors] E| ROI | angle| EP | CF SC/FITF| Total
B8 68.0 512 | 136 [5.17 142 | 6.74 |

B 68.0 340 90 ]344 1.73 5.16

colorj1] 9.0 |1 90| 256 340 |16]100%! 90 |0.46]2.42] 0.66 3.54

2] 84 |16.8 0.8512.25] 0.89 3.99

3] 78 |235 1.19{2.10} 1.10 4.38

4] 7.3 129.3 148]1.97| 1.27 4.73

5] 6.9 | 345 1.74]1.85] 143 5.03

color|[1]22.3]22.3] 256 256 ] 6 ] 100%] 90 |0.85]2.62] 1.61 5.08

2] 19.5] 39.1 1.49]229] 2.07 5.85

3]117.4]52.1 1.98]204] 242 6.44

4] 15.6] 62.5 2.38]|1.83] 2.70 6.91

color 68.0168.0] 52 256 | 6 ] 20% 90 [259]1.62] 2.23 6.44

Table 5-2. The number of MAP1000 processors required to meet the frame rate
requirement for a particular scenario is obtained by multiplying the total time required to
process one frame on individual MAP1000 with the total frame rate requirement
(frames/second). The total execution time includes not only the execution time for each
stage, but an additional /O time (¢;,) due to incoming data frames from the previous
processing stage. These incoming frames are double-buffered. Thus, some of this ¢;,
may be hidden behind the computation of the respective stage. Of the above scenarios,
the worst case B-mode and color-mode simulations require about seven MAP1000s, with
6.74 and 6.91, respectively. Based on these initial results, we designed our architecture
based on eight MAP1000s, but expandable to sixteen MAP1000s.
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5.3 Multiprocessor architecture

Our goal in designing a multiprocessor architecture is not only to meet the high
computational requirements of ultrasound processing, but to arrive at a cost-effective
system as well. Our approach to meet this goal was to design one board that could be
replicated, scaling to the processing requirements. We used a standard bus structure and
standard memory components with a minimum interface logic to the mediaprocessor.
Figure 5-2 shows a block diagram of our architecture, designed to handle the ultrasound
processing stages illustrated in Figure 1-2 following the RF demodulator stage. The
board is composed of 4 MAP1000 processors, where each processor node (PN) has its
own local 64-Mbyte SDRAM and two PCI bus ports.

Our architecture meets the data flow requirements of raw and intermediate
ultrasound data. The data vectors arrive from one end of the board (vector bus). After a
series of pipelined processing stages, the data are sent out the other end of the board to
the host PC for display. In order to make the maximum use of each processor, it is
critical that each processor wait as little as possible for data and that interprocessor
communication be efficient. The input data vectors from the RF demodulator are
received from the vector bus by a bridge logic that routes the vectors to the appropriate
processor's local memory through one of its PCI buses. Double buffering is used such
that while the MAP1000 is processing the current image frame stored in one local buffer,
the beamformer is storing the next image frame in another local buffer. Since the data
transfer time is less than the compute time, the MAP1000s with double buffering
effectively do not have to wait for data, and the throughput is determined by the
processing load on each MAP1000. However, the MAP1000’s processing time can be
impacted by the incoming beamformer vector bus traffic that must compete with the
Map1000’s Data Streamer for access to local memory. The Data Streamer is programmed
to transfer the data between local memory and on-chip memory as well as transfer the
processed frame to the next MAP1000 processor’s local memory through the PCI bus for
the next stage of pipelined processing (again using double buffering). The overhead of
this internal bus traffic within the MAP1000 is not significant due to the presence of two
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high-speed internal buses (3.2 GBps). After the data are processed, they are sent though

Host
(pentium)
System PCI bus
—
Top PCl bus additional boards ->
1 1
board 82 : L AN :
] L i
; g Middie PCI bys ‘ H
MAP 1100 | | MAP 100 | | MAP1000 | | MAP 000 |!
" [ ] n 7
[} 1 7
(data from beamformer) Vector bus

the system PCI bus to the host PC, which handles the graphical user interface and
displaying the final processed images.
Figure 5-2. UWGSPI10 architecture utilizing 2 PCI ports
per MAP1000 processor.

In case we can use only a single PCI port on the MAP1000, Figure 5-3 shows the
architecture using MAP1000s utilizing one PCI port. Both the single and dual-PCI port

architectures were simulated in this study.
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Figure 5-3. UWGSPI10 architecture utilizing 1 PCI port per
MAP1000 processor.

For our primary architectures, the interprocessor communication is based on a
simple message passing paradigm [33], in which the destination processor is assumed to
be polling certain predefined memory addresses (either continually or at regular intervals)
waiting on a message (32 bytes) from the source. The source processor then sends the
message (using a normal PCI write) to the destination processor’s memory. The
destination processor then returns an acknowledge message.

Each MAP1000 processor can support up to 64 Mbytes of local SDRAM memory
for a total of 512 Mbytes for a 2-board (8-processor) system. Of the 64 Mbytes of
SDRAM per MAP1000, only about 10 Mbytes are used for program memory and buffer
space leaving the rest for CINE memory. CINE memory is used to store few frames of
data, which can be later played back in real time by the clinician. With the fairly large
amount of memory free at each processing node, we can store the CINE data before the
filter stage (after EP part | for B-mode and after CF part I for color-mode). Since we
can store the CINE loop data after any stage of processing, by choosing to store after EP
part 1 and CF part I allows all the filters to be modified by the user during CINE

playback, e.g., changing persistence, the degree of speckle reduction or edge
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enhancement, zoom or rotation of scan conversion, and the thresholds for tissue/flow
decision.

In addition to ensuring that our system can meet the processing requirements, it
must have adequate bus bandwidth to handle the high amount of data flow in ultrasound
processing. Even though the 64-bit PCI bus at 33 MHz and the 32-bit PCI bus at 66 MHz
appear to have the same peak bandwidth (BW,,..) of 264 Mbytes/s (MBps), not all of this
bandwidth is available to transfer data, since some bandwidth is used in overhead cycles.

The effective bandwidth available for data can be estimated from:

BW . = data cycles BW, (5-1)

7 address cycles + data cycles + spin cycles .

where address cycles are the cycles utilized for the address transfer, data cycles are the
cycles utilized for transferring the data, and spin cycles are the cycles needed for the
processor to release the bus and the other processor to acquire the bus.

This BW,y estimate does not include any overhead due to bus arbitration and does
not factor in back-to-back transfers on the PCI bus,(in which the current processor can
send back-to-back transfers avoiding the overhead of the spin cycles when there is no
second processor arbitrating for the bus). Similarly the estimate in Table 5-2 also does
not account for any overhead that would be experienced in typical multiprocessor
architectures such as interprocessor communication delays, bus traffic and contention
between processors. In addition, division of the processing load across parallel
processors incur additional load if the processing load is not evenly balanced between
stages (due to different grain size of the processing tasks) and due to overlapped data
vectors being recomputed between parallel processors. Thus in order to estimate the

actual processing and bus load multiprocessor simulation is essential.

5.4 Multiprocessor simulation.

The goal of the multiprocessor simulation is to evaluate if there is enough bus bandwidth

between the processors and what impact the interprocessor communication and bus



82

traffic have on the overall processing performance. A common approach to study the bus
load is to record the detailed timing of all the reads and writes across the bus, known as
address traces when running the application algorithms for each processor in the system.
Various methods have been developed by different researchers for the collection of
address traces [63]. We have used simulation-based traces, where the real hardware is
modeled in software including the memory, instruction fetch and ALU operations and the
required address trace is collected from this simulator. The software simulation models
can be either behavioral or structural [65]. Structural models mimic the internal logic
gates and electrical timing of a device and tend to be very accurate while the behavioral-
level models tend to be cycle-accurate, modeling the device behavior at a higher
abstraction via high-level programming languages or hardware description languages like
VHDL. For multiprocessor simulations, the behavioral model approach combined with
address tracing can lead to reasonable accuracy with a manageable simulation time. Thus,
two major steps for behavioral model simulation to obtain processor and bus load in the
multiprocessor environment are to generate address trace file and then run them on the

VHDL models simulating the system.

5.4.1 Address trace generation

In Chapter 4, we simulated the ultrasound algorithms targeted to a single processor using
Equator’s MAP1000 cycle-accurate simulator, CASIM. CASIM is designed to model the
complex interaction between the core processor, the 4-way set-associative data cache
with 4 banks, 2 way set-associative instruction cache, DMA controller, and SDRAM. It
generates detailed instruction and data flow timing information in memory.trace file.
CASIM’s accuracy is +/-5% of the real hardware. For our multiprocessor simulation,
ideally we would like to run muitiple CASIM simulations for each processor, having the
programs dynamically interact cycle by cycle. However, we cannot use CASIM directly
for the multiprocessor simulation, as it produces static address traces (memory.trace)
instead of allowing dynamic interaction. In addition, CASIM does not simulate the PCI

ports needed for the multiprocessor simulation. We created a simulation process where
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we utilized CASIM to generate address trace file and then utilized VHDL model for
behavioral model multiprocessor architectures. Qur simulation process is shown in
Figure 5-4 with the following features to maintain accuracy while reducing the simulation

complexity and time.

1. Run the compiled code on CASIM.

2. CASIM generates extreme details of data access patterns, as shown in Appendix
B, creating a large file. For example, a simple convolution of a 512 x 512 image
with a 3 x 3 kernel with 4.5 ms of execution time creates a 420-Mbyte debug file.
We developed a parser program to extract only critical information from the
memory.trace file as it is created during the CASIM simulation before being
stored, resulting in a 1200-to-1 reduction in the final ATF file size. For example,
the convolution final ATF is around 350 kbytes.

3. Generate two ATF files: one for the core processor and other for the Data
Streamer (DS). For the core processor ATF, we model cache line read/writes
using rb/wb and computation time as address-no-operation (an) mnemonics. The
core processor also controls the DS using key events such as DsKick and DsWait
by using mnemonics is and wz respectively. The ATF of the data streamer contain
the necessary details for each /O transfer (the memory addresses, the block
width, block height, and the DS mode such as stop, or continue).

4. The control signals to communicate across the processors are embedded within
the address trace file. For example, frame end signals are used to indicate
whether the transfer of frame from one processor to other processor is complete.

5. The address trace file generated for individual processors are then remapped to
the multiple processors by dividing the algorithms across several processors and

updating the address filed of the memory transaction.
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Figure 5-4. Address trace generation process using CASIM.

The example address trace file for processor and data streamer along with the control

signals is shown below.

For the processor ATF
an 14 -- anop <cycles>
rb 80000 4 --read <addr> <burst_size>
wb 90000 4 -- write <addr> <burst_size>

is # -~ DsKick DMA transfer <channel #>
an 467 -~ anop
wt #1 — DsWait on DMA transfer <channel
#1>
fr 0 - Wait for the frame signal from a
different

processor

For the data streamer
r1 90000 64 16 448 1 —-2D _read
<addr><width><count><pitch><halt>

VHDL models are then developed to run the generated address trace file and thus

simulate the multiprocessor system based upon several MAP1000s.
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5.4.2 VHDL models

A block diagram of our MAP1000 VHDL model is shown in Figure 5-5. The main

components of the model are processor core/cache, DMA channel, an SDRAM buffer and

controller, PCI port, an internal IMB (I/O-memory bus) bus arbitrator, and an external

PCI bus arbitrator.

The processor core/cache model runs an ATF file implementing five operations:
read burst (rb), write burst (wb), no-address-operation (an), issue DMA transfer
(is), and wait on DMA transfer (wr). With these five instructions, timing of the
data flow with respect to the processor/cache and the control of the DMA

channels can be simulated.

The MAP1000’s Data Streamer simulates six channels (instead of 64) since for
running our ultrasound algorithms we utilize maximum of 6 channels. This helps
to reduce the VHDL model complexity as well. Channels 0 and 1 are combined
for input data flow from the SDRAM to the processor/cache; channels 2 and 3 are
combined for output data flow from the processor/cache to either the SDRAM or
PCI ports; and channels 4 and 5 are used for memory to memory transfers, such as

when implementing the log LUT with guided transfers.

The SDRAM models follow the specifications assumed by CASIM. The SDRAM
controller simulates controlling of 2 bank, 2 kbytes per row SDRAM (64 bits at
100 MHz) and refreshes a row in each bank every 16 microseconds.

The dual PCI ports (32 bits at 66 MHz) are modeled with each port having an 8
entry buffer for input and a 4 entry buffer for output. The PC/ Port models act as
agents to talk on the PCI bus, while PCI channel models act as agents to talk on
the internal IMB bus. The PCI arbitrator uses round-robin arbitration, allowing a

fixed 32-byte burst between bus masters.
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® On the IMB internal bus, the /MB arbitrator uses a prioritized round-robin
arbitration after 32-byte bursts, giving the highest priority to the processor/cache
model, the next to the PCI channel, and the lowest priority to the DMA channels.

~PCl ™~ ) .
(@W Processor | \ X (issues & waits)
o 64 bits @ 200 MHz

32bns@65MHz
- — G PClport PCIport PCI port Channel Channel
: In AOut Bin BOut
PCIB Channel Channel Channel
channel ' 0 3 4

MB
64 bits @ 200 MHz iMB }
“arbitrator - SDRAM Ly SDRAM
Buffer Controller

64 bits @ 100 MHz ;

Figure 5-5. MAP1000 VHDL model.

For performing multiprocessor simulation several of MAP1000 modules are put together
in the simulation environment with each processor connected to another processor

through PCI bridge for interprocessor communication.

We rely on the accuracy of CASIM to simulate the timing of data accesses
between the core processor and cache. We use a standard simulation environment (by
Viewlogic) for simulating VHDL behavioral models and multiprocessor system,
providing the accuracy and security of a well-established simulation tool. The
multiprocessor performance is obtained by tracking key signals in the output timing
diagrams. The computation load of each processor is known by the start and stop times

of main computation loops and when the issues and waits on the DMA occur. In
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addition, special VHDL models track the PCI bus statistics needed to determine bus
loading. To validate the accuracy of the VHDL model and parser, we compared their
accuracy to that of CASIM in executing various ultrasound algorithms with the dilation
artifact in % shown in Table 5-3, indicating the VHDL simulator dilates the CASIM
simulation by 0.55 to 2.46% for the ultrasound functions.

Table 5-3. Validation results, comparing the accuracy of
the VHDL models to that of the CASIM simulator.

Pgram % error

EP 1.24
SC 1.99
CF 0.55
EP1/CF 2.46

EP2/SC/FIITF ] 1.85

The above validation is for the single MAP1000s, not the complete
multiprocessor environment, which can only be verified after the multiprocessor
hardware is prototyped. Since CASIM does not simulate the PCI ports, the above
simulations do not verify the accuracy of the VHDL PCI ports and PCI arbitrator. The
PCI model was verified by comparing the output waveforms of the PCI bus with those of

the PCI standard specification [64].

5.5 'Results and discussion

The ultrasound algorithms mapped to the individual MAP1000 in Chapter 4 were mapped
to the multiple processor architecture in both parallel and pipelined fashion, balancing the
procesging load equally across all the processors. Each board was assigned to process %
of the input image in parallel fashion. Each individual board in tum processes the input
(1/2) image in two stages in pipelined fashion. In the B mode (scenario #1), three
processors perform echo processing in the first stage and one processor perform scan
conversion in the second stage. In the color mode (scenario #6), two processors perform

color flow processing and the magnitude with log compress part of echo processing in
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first stage and the other two processors perform echo processing filters, scan conversion,
and tissue/flow decision in the second stage. Dividing the image processing spatially
incurs the overhead of recomputing overlapping lateral vectors needed between the image
sub-sections, due to the neighborhood operators such as scan conversion, convolution,
and median filter. Figure A-1 shows the simulated timing diagrams illustrating the
pipelining of the EP on three processors and SC on the fourth processors for B-mode (for
a single board) while Figure A-3 shows the simulated timing diagram illustrating CF and
EP part 1 on the first two processors and EP part 2 and SC on the next two processors
for color-mode. For B-mode timing diagrams, three frames are shown and for color-mode
single frame is shown (due to large compute time). Although at times all four processors
appear to have conflicting transfers on the middle PCI bus for B-mode in Figure A-1 (and
Figure A-3 for color-mode), a “zoomed-in” plot in Figure A-2 shows that the actual PCI
data transfers are relatively sparse, thus bus conflicts do not occur as often as Figure A-1
imply.

Table 5-4 shows the simulation results for the worst case B-mode scenario (512 x
1024 at 68 fps) and Table S5-5 shows the simulation results for the worst case color-mode
scenario (i.e., B = 62.5 fps and color = 15.6 fps). From the Table 5-4, the maximum
processing load during B-mode occurs for the processors performing EP and it is about
85.6% (processing load for single PCI and dual PCI almost remains the same). In the
dual-PCI port architecture, the bus-loading for the middle-bus is 29.9% through which

most of the inter-processor data transfer occur. Thus there is sufficient bandwidth

Table 5-4. B-mode multiprocessor simulation results.

B-Mode Clock Bus | Dual-PCl | Single-PCI
MH2z) width | bus board | bus board

PROCESSING LOAD
EP 200 —- 85.6% 85.7%
SC 200 —- 76.6% 77.1%

BUS LOAD
Systembus 33 32bits] 30.2% 30.2%
Systembus 33 64bits] 17.2% 17.2%
Middie bus 66 32 bik:l 29.9% 64.1%
Bottom bus 66 32 bit 32.4%
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available (~1/3 utilized) for inter-processor communication and data transfer. However
for the single-PCI port system, the middle bus is heavily utilized (64% loaded) and offers
less room for growth, but can still support the system specifications. For color mode
(Table 5-5), the PCI buses are even less loaded than the B mode, with sufficient
bandwidth for both the dual-PCI port and single-PCI port architectures still available.
However, the processors are heavily loaded and the two processors performing EP partl
and CF are 93% loaded and the processors performing EP part 2, SC, FI and TFD are
91% loaded.

Table 5-5. Color-mode multiprocessor simulation results

Color Mode clock Bus | Dual-PCl | One PCI
MHz) Width{ bus board| bus board
PROCESSING LOAD
EP1/CF 200 — 93.2% 93.7%
EP2/SC/FITF 200 -—-- 91.0% 91.1%
B8US LOAD

Systembus 33 32bits] 30.1% 30.1%
Systembus 33 64bits] 17.3% 17.3%

Middle bus 66 32 bi 18.6% 46.1%
Bottom bus 66 32 bit 8%

The results indicate that we could meet our system requirement but the major
concemn is the processing load which range from 85.6% to 93.2%. However these were
for stringent worst case scenarios e.g., maximum frame rate of 68 fps for B mode, a large
data size (input 512 x 512 and output 800 x 600), and dual-beams. In addition, in color
mode, the ratio between B-mode frame rate and color flow frame rate was set to 4 even
though clinicians normally use the ratio of 1. By scaling down the system requirement to
match the specifications of the current ultrasound machines, we can decrease the
processing load on our system significantly. For example, if we scale down the B-mode
frame rate requirement to 40 fps for the large 512 x 1024 input data size, the maximum

processing load reduces to 51%. Similarly by limiting the ratio between B frame rate and
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color flow frame rate in color mode to one and maximum frame rate to 16 (with the
ensemble size of 6) we can reduce the maximum processing load to 59%.

One more system specification that can be changed to reduce the processing load
but still have no degradation in the final output image is the number of input samples per
vector. In chapter 2, the number of samples per vector is fixed to 1024 for B-mode and
512 for color-mode independent of the depth of imaging since we are assuming that the
sampling frequency is fixed and always generates fixed number of samples. However
For 20 kHz PREF, this specification is overspecified. For example, the axial resolution for
B-mode and color-mode mode data when f; is 7.5 MHz (in Eq. (2-8)) is 0.1 mm and 0.4
mm (N=2 for B-mode and N=4 for color mode) respectively. For the 20 kHz PRF, the
vector depth is ~3 cm resulting in 300 samples per vector for B data and 75 samples per
vector for color data (with 1 sample per range bin), which are much less than our
specification of 1024 and 512, respectively. By utilizing programmable A/D converters
we can control the number of output samples per vector depending upon the PRF, thus
reducing the number of samples per vector significantly, which in turn reduces the
processing load. If we utilize 2x sampling (x being the minimum number of samples) for
this 7.5 MHz transducer, for B mode the processing load on the first stage reduces to 50%
and on the second stage reduces to 70% and for color mode the processing load, on first
stage reduces to 54.6% and on the second stage reduces to 77.9%. Thus, a reasonable
system load lies somewhere between 51 % and 86% for B-mode and 59% to 94% for
color mode, providing a safe margin for the system design.

The estimated cost for this 4-processor board is around $1400, or $2800 for a
two-board system. This programmable system replaces 9 uniquely designed boards
totaling over $10,000 in a commercial ultrasound machine. Thus, the programmable
approach not only greatly reduces the system cost, but also can potentially reduce the
non-recurring engineering cost by developing only on one board (repeated throughout the

system) instead of 9 custom boards.
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Chapter 6: Conclusions and Future Directions

6.1 Conclusions

Ultrasound imaging has become a popular imaging modality because it is safe, non-
invasive, relatively inexpensive, easy to use, and capable of real-time imaging. In order
to meet the high computation and throughput requirements, ultrasound machines have
been traditionally designed using algorithm-specific fixed-function hardware with limited
reprogrammability. As a result, improvements to the various ultrasound algorithms and
additions of new ultrasound applications have been quite expensive, requiring redesigns
ranging from ASIC chips and boards up to the complete machine. On the other hand, a
fully programmable ultrasound machine could be reprogrammed to quickly adapt to new
tasks and offer advantages, such as reducing costs and the time-to-market of new ideas.
Additionally, the programmable system would provide a real-time platform to experiment
many new ideas, features, and applications. Despite these advantages, an embedded
programmable system capable of meeting the processing requirements of a modern
ultrasound machine has not yet emerged due to insufficient compute power [6, 9, 66],
inadequate data flow bandwidth or topology [5], or algorithms not optimized for the
architecture. This study has addressed the issues associated with proving the feasibility
of a fully programmable ultrasound system not only by developing the architecture
capable of handling the computation and data flow requirements, but also designing
tightly-integrated ultrasound algorithms. Finally, we demonstrated by using a unique

simulation method that our system meets the requirements.
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6.2 Contributions

In this research the feasibility of a cost-effective, programmable ultrasound color flow
system capable of handling the real-time processing requirements was demonstrated. The
contributions include:

(1) Multiprocessor Architecture for Ultrasound: We designed a 2-board system
composed of 8 mediaprocessors. The simulation results showed that this 2 board
system meets both the computation and bus load requirement of all the existing
color flow system modes. In addition, since our system is programmable, the
same hardware can be reused in developing new modes, e.g., 3D and panoramic
imaging. The flexibility of the our programmable system allows us to
reconfigure the system to support different algorithms, e.g., velocity estimation
using cross correlation technique instead of the more widely-used
autocorrelation technique whose requirements are very different. We have 64-
Mbytes of SDRAM memory on each processor, which can be utilized to store
CINE frames at various processing stages. This helps to modify various
parameters, such as filtering coefficients, persistence, and scan conversion
parameters (pan, zoom etc), on the fly. Since we use a common board repeated
through the system with low-cost mediaprocessors, standard SDRAM memory
chips and a standard bus, it can be easily scaled by adjusting the number of

boards.

(2) Algorithm Mapping Techniques: Using powerful mediaprocessors does not
guarantee high performance for the algorithms. Efficient algorithms that are
tightly coupled to the mediaprocessor architecture are needed to implement the
entire system with reasonable number of processors. We developed several
methodologies that can be utilized to obtain high performance, e.g., (a) mapping
algorithms to utilize powerful instruction sets, (b) remove barriers to data-level
parallelism, such as iffthen/else, (c) utilize loop unrolling and software

pipelining, and (d) utilize a DMA controller to reduce the /O overhead. We have
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developed a methodology to determine the efficiency of individual algorithms

and showed how ?compue and ¢;, estimates can be utilized for an optimal system.

Ultrasound Algorithm Mapping Studies: We developed several ultrasound
algorithms mapped efficiently to the underlying mediaprocessor architecture.
Our 2D convolution algorithm mapped to the MAP1000 architecture has
performance comparable to and in many cases faster than several hardwired
approaches. We developed a new partitioned CORDIC algorithm to compute
arctangent and square root, which has an advantage of using very little on-chip
memory and has performance faster than cache-based method when the number
of bits per pixel is less than 11 bits. We presented how computationally
expensive wall filters can be implemented efficiently on the mediaprocessor. For
an [IR filter, we developed a unique technique to overcome the limitations of
interdependency between previous and current output. We efficiently utilized the
overflow bit of 2’s complement to implement a computationally-expensive
circular median filter. We also showed how other algorithms, such as
autocorrelation,  clutter_shift, could be implemented utilizing powerful
mediaprocessor instructions. For an optimal system, implementation of
individual algorithms separately may not be sufficient since many algorithms are
/O-bound. We showed how several algorithms can be combined to share the

/O, thus improving the system performance significantly.

(4) Multiprocessor Simulation Method: Since simulations are necessary to

demonstrate that the multiprocessor system architecture meets the processing
load and bus bandwidth requirements, we developed a unique multiprocessor
simulation environment. We utilized the cycle accurate simulation (CASIM) of
the MAP1000 (developed by Equator Technologies) to generate our address
trace files. These address trace files in combination with VHDL models remove
the complexity of processor modeling, thus reducing the simulation time while

maintaining the accuracy. This work was done in collaboration with Dr. George
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York who developed the MAP1000 model to run the generated address trace
files.

6.3 Future directions

Having designed and simulated the programmable ultrasound architecture and
demonstrated in detail its feasibility, the next step is to see this system commercialized to
realize its benefits and contribute to improving the quality of health care. Areas of future
work include mapping advanced ultrasound applications, reducing risks in developing the
commercial high-end color flow system, and staying current with the mediaprocessor
advances (or developing more powerful mediaprocessor that are easier to program than

the current mediaprocessor).

6.3.1 Advanced ultrasound applications

Previously it was demonstrated that the PUIP system (composed of 2 TMS320C80s)
could adapt and handle the real-time processing load of several new advanced features,
such as panoramic imaging, segmentation/quantitative imaging, and 3D imaging [13].
The third board with 4 MAP1000s (in addition to 2 boards with 4 MAP1000 each) can
provide much more computing power than the PUIP's 2 TMS320C80s (25.6 BOPS
versus 5.6 BOPs). Thus, our system can in addition to all the applications the PUIP could
handle offer room for improvement, e.g., better motion estimation for panoramic imaging
and larger 3D volumes or faster reconstruction for 3D imaging. For applications that
often process after image acquisition, such as 3D volume rendering or automatic
segmentation of image features (e.g., such as pubic arch, fetal head, and epicardial and
endocardial boundaries [8]), an additional board is not required as all 8 MAP1000s are
free to be utilized for post-acquisition processing. For example, current 3D volume
rendering systems use small volume, e.g., 128> = 2 Mbytes or 256° = 16 Mbytes, which
can easily fit in the SDRAM available on one MAP1000. Volumes of 512° or 128

Mbytes will not only require the memory space and processing power available on our
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multiple MAP1000 boards, but also new algorithms to share volume reconstruction,
rendering computations and 3D data sharing across multiple processors. The MAP1000
being a video processor can perform MPEG-1 and MPEG-2 compression and
decompression in real time [47]. This means that our system can perform teleradiology
and telemedicine applications to generate in real time the compressed digital video
bitstreams via H.261 or H.263 for the videoconferencing video bitstreams while better
quality compression algorithms, such as MPEG-2 for the diagnostic bit streams. In
addition, since it is fully programmable, proprietary algorithms can also be implemented
to have a better compression ratio, such as compressing the pre-scan converted data using
wavelets [67]. Thus our programmable system will help to bring forth several enabling

technologies for improved diagnosis, lower cost, and more widespread use.

6.3.2 Developing the commercial programmable system

There are several architectural issues involved in developing this programmable system.
One important issue is the total power requirement of each board. Since the PCI
specifications limit each PCI board to 25 W of power consumption, our architecture with
four processors each with 64-MByte SDRAM, plus 2 PCI bridges on the board, will
require more than 25 W (currently each MAP1000 is rate to consume 6 W). Thus, an
additional power source (and cooling) might be required. The architectural issue will be
developing the board layout with four MAP1000s plus two arbitrators connected across
on-board PCI bus running at 66 MHz. Systems designed with these high-speed buses
must be carefully designed, ensuring the maximum length between nodes is short enough
for the signals to propagate within this short clock period. Failure to consider these
factors resulted in several early systems targeted for 66 MHz PCI bus only achieving 40-
50 MHz [68]. The third issue is to design a real-time multi-tasking operating system to
automatically reconfigure and balance processor load for the system when the clinician
changes the mode of operation, transducers, or other settings.

Thus, there are several issues and risks involved in developing the programmable

system using 8 MAP1000s. The approach that can be utilized to reduce the risks in
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designing the high-end programmable system is to design a low-end ultrasound machine
by reducing system specifications and later scale it up for a high-end system. A sister
processor of MAP10000 called MAP-CA can be utilized. The MAP-CA consumes less
power, runs at 300 MHz, supports up to 128 Mbytes of SDRAM, has larger data and
instruction cache (32 kbytes each) and is less expensive. The increased processor
frequency and cache size would reduce the number of processors required to implement
the system. However, the disadvantages are that it does not have a floating-point unit and
has a single PCI port. Since we can avoid floating-point operations using fixed-point
operations in most of our implementations, porting to this processor will not be a
problem. However, the major limitation comes from the availability of a single PCI port
rather than two. Currently, we are pursuing this approach by developing a low-end

machine in using the MAP-CA processors.

6.3.3 Selection of a processor for a programmable system.

Current mediaprocessors will be improved and upgraded by new mediaprocessors
offering better architectures and/or higher clock speeds e.g., Intel’s Merced [69]. Since
the future mediaprocessors are likely to continue the trend toward supporting the
instruction level parallelism and data-level parallelism, and efficient /O handling
mechanism, our algorithms and algorithm mapping techniques and the algorithms can be
readily utilized on newer processors as well. However, before selecting a processor for a
target system, both the mediaprocessor study similar to what we performed for our
system design and the algorithm study should be performed. Even though more
computation power is will be available by increasing the clock frequency, the VO will
remain as a key bottleneck. The processor memory bandwidth usually does not scale with
the increase in processor’s clock speed. As many ultrasound stages are already I/O-
bound, such as autocorrelation, the increase in computation power may not be of
significant help in reducing the total number of processors required in designing the

system. Thus, a system’s approach is needed to select a mediaprocessor, estimate the
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number of processors, and develop an ultrasound architecture composed of new

mediaprocessors.
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APPENDIX A

L L2 DefaitAction M1 R1

@ Fie View Eot Change Signal Axis Select

Figure A- 1. Processing load and PCI bus load for the middle bus, for 3 frames of B-
mode simulation of the single PCI-port architecture. Signals P_OPERx show processing
on the core processor (indicated by color bars) versus the wait periods (indicated by
“08”), as does P_FRAMEx with odd numbers indicating the processing time and even
numbers indicating the wait periods. On signals P_PCI_OPx, solid bars and *“05” indicate
the time period a processor or bridge is trying to transfer a frame sub-section on the PCI
bus. x = O for the bridge (sending vectors); x= 1, 2, or 3 for the EP processors; and x = 4
for the SC processor.
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Figure A- 2. Zoomed-in PCI bus load for the middle bus, illustrating the bus conflicts
during steady state of the B-mode simulation when all four processors are using the bus.
“05” indicates a processor is trying to transfer a large block of data (e.g., ~1024 kbytes).
Fortunately, each processor needs to use the bus relatively sparsely, having a plenty of
time to finish one transfer before the next one begins.
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Figure A- 3. Color-mode simulation signals showing steady-state processing load
(P_OPERx and P_FRAMEx) and bus load (P_PCI_OPx), with K=4 (or 4 B frames for
every color frame). x= 1 or 2 for EP1/CF processors; x= 3 or 4 for the EP2/SC/FUTF
processors; and x= UB for the bridge on the bottom PCI bus.
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APPENDIX B: Example CASIM Debug File

Example entries from a CASIM debug file

The details of the events tracked cause excessively large files. For example, the total
debug file size when simulating convolution of a 512x512 image with a 3x3 kemel is 420
Mbytes. Below are selected entries from an example CASIM debug file, showing key
processor, data streamer, and SDRAM events, such as when the processor kicked a DS
data transfer (cycle 12931), when the DS receives the transfer parameters (cycle 12947),
the SDRAM row miss for the first data (cycle 12991), the RAS and CAS signals (cycles
12994 and 13001), and the data transfers for the first 32 bytes (cycles 13001-13009). Our
parser tool creates the ATF files for our multiple processor simulations by extracting the
key information from the CASIM debug file, greatly reducing the file size in the process.

cycle:12931: DS: DSHandle_Kick: #13348 channel 0 kicked off with
Descriptor address 0x007fee60

cycle:12947: DS: DSReceiveDesc: descriptor got for channel O,
nextDescAddr 0x7fee60, dataAddr 0xb500, count 0x8,
controlWord 0x38, pitch 0x0, width 0x200 PA:0x7fee60

cycle:12991: MB: SDRAMStateMachine: #13414 moving entry from
pStage3Mess to pPrecharge ROW_MISS, setting
SDRAMBusUsed=TRUE, no other request in SDRAM BA: 0xbS500

cycle:12994: MB: SDRAMStateMachine: #6 moving entry from pP2 to pRAS,
setting SDRAMBusUsed=TRUE BA: 0x100

cycle:13001: MB: firstCASCycle: #13414 moving LOAD to CAS, cyclesToGo
3, cyclesToEarlyWarning § BA: 0xb500
cycle:13003: MB: dataToFromMemory: #13414 LOADING
Data (0)=OxffffffffEffffffff from CasimMemory [0x0000b500]
cycle:13005: MB: dataToFromMemory: #13414 LOADING
Data[l]=OxfffffffFffffFfffff from CasimMemory [0x0000b508]
cycle:13007: MB: dataToFromMemory: #13414 LOADING
Data[2]=Oxffffffffffffffff from CasimMemory [0x0000b510]
cycle:13009: MB: dataToFromMemory: #13414 LOADING
Data [3]=OxffffffffFFFFfEFFff from CasimMemory [0x0000b518]
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